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^  LMS  adaptive  array  is  discussed  for  these  modulation  techniques.  A 
'  communication  system  is  then  described  that  uses  one  of  these  modulation 
techniques.  The  four-phase  signal  consists  of  two  orthogonal  biphase 
signals.  One  signal  contains  a  short  code  for  rapid  acquisition.  The 
other  contains  a  long  code  for  protection  against  smart  .jammers.  A 
several  step  signal  acquisition  technique  is  also  described  for  the  sys¬ 
tem.  The  short  code  timing  is  first  acquired  by  a  sliding. correlation 
method.  With  the  short  code  used  in  reference  signal*  generation,  the 
long  code  timing  is  rapidly  acquired  by  the  Rapid  Acquisition  by 
Sequential  Estimation  method.  The  long  code  is  then  used  in  reference 
signal  generation.^—— - — — — ' 

This  report  then  analyzes  the  system  theoretically.  The  acquisition 
procedure  is  analyzed  to  show  the  rapid  acquisition  of  the  signal  with 
the  system.  Acquisition  of  the  short  code  by  a  delay  lock  loop  is  first 
analyzed.  The  code  tracking  error  is  then  determined.  Finally,  the  long 
code  acquisition  method  is  analyzed  with  both  theoretical  and  simulation 
results.  Nonlinear  and  linear  codes  are  also  analyzed  for  use  in  the 
system. 

An  experimental  system  was  implemented  to  demonstrate  the  feasibility  of 
the  system  and  to  verify  analytical  results.  Optimal  parameters  for 
this  system  were  determined  using  analytical  results.  The  circuitry  for 
the  system  is  described,  and  experimental  results  are  shown.  Analytical 
and  experimental  results  demonstrate  both  rapid  signal  acquisition  and 
protection  against  conventional  and  smart  jamming  with  this  system. 
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CHAPTER  I 


INTRODUCTION 


An  adaptive  antenna  Is  an  array  of  antenna  elements  whose  pat¬ 
tern  Is  automatically  controlled  [1.2].  The  signal  from  each  element 
of  the  array  Is  multiplied  by  a  controllable  weight,  which  adjusts 
the  amplitude  and  phase  of  that  signal.  The  pattern  of  an  adaptive 
antenna  Is  automatically  changed  to  null  Interfering  signals  and 
optimize  desired  signal  receipt Ion. 

Adaptive  antennas  can  be  combined  with  spread  spectrum  communi¬ 
cation  techniques  [3]  to  yield  even  greater  Interference  rejection 
capabilities.  With  a  system  that  combines  the  temporal  processing  of 
spread  spectrum  with  the  spatial  processing  of  adaptive  antennas,  pro¬ 
tection  can  be  obtained  against  a  wide  variety  of  jamming  techniques. 

The  weights  In  an  adaptive  array  may  be  controlled  by  several 
techniques.  The  techniques  Include  those  employed  In  the  LMS  array 
[1]  and  In  the  Applebaum  array  [2].  In  the  LMS  array,  the  weights  are 
adjusted  to  obtain  the  least  mean-square  error  between  the  array  out¬ 
put  and  a  so-called  reference  signal.  This  reference  signal  Is  a 
locally  generated  signal  that  allows  the  array  feedback  to  differen¬ 
tiate  between  the  desired  signal  and  Interference.  It  must  be  a 
signal  correlated  with  the  desired  signal  and  uncorrelated  with  any 
Interference.  In  the  Applebaum  array,  a  steering  vector  Is  used  In¬ 
stead  of  a  reference  signal  to  maintain  a  strong  response  In  the 
direction  of  the  desired  signal.  The  weights  are  then  adjusted  to 
minimize  Interference  from  other  directions. 

The  Applebaum  array  Is  easier  to  Implement  because  no  reference 
signal  Is  required.  However,  If  the  angle  of  arrival  of  the  desired 
signal  Is  not  known,  then  one  must  use  the  LMS  array  with  a  reference 
signal . 

This  report  concentrates  on  the  problem  of  generating  a  reference 
signal  with  a  four-phase  modulated  signal.  The  most  difficult  part  of 
the  problem  Is  the  acquisition  of  the  signal  by  the  receiver.  The 
problem  Is  especially  difficult  If  the  timing  of  the  pseudonoise  code 
used  In  the  spread  spectrum  system  must  be  acquired  by  the  receiver. 

A  reference  signal  generation  technique  has  been  previously 
described  for  spread  spectrum  signals  using  biphase  modulation  [4]. 


In  this  technique,  the  desired  signal  Is  modulated  with  a  pseudonoise 
code  combined  with  data  at  a  lower  symbol  rate  than  the  code.  Thus, 
the  desired  signal  1s~a  spread  spectrum  signal.  The  code  timing  Is 
acquired  at  the  receiver  by  a  sliding  correlation  method.  To  deter¬ 
mine  the  correct  code  timing,  the  code  generated  at  the  receiver  is 
correlated  with  the  received  signal  for  all  possible  timing  offsets 
[5].  The  biphase  reference  signal  generation  technique  works  well 
but  does  have  two  shortcomings.  First,  it  is  vulnerable  to  repeat 
jammers  with  biphase  remodulation.  Second,  short  codes  must  be  used 
for  reasonable  acquisition  times,  and  short  codes  may  not  have  ade¬ 
quate  security  for  many  applications. 

Four-phase  modulation  Is  considered  In  this  report  as  a  means  to 
Improve  upon  the  biphase  system.  Previous  studies  of  four-phase 
modulation  [6,7,8]  have  shown  It  to  have  several  advantages  over  bi¬ 
phase.  First,  four-phase  signals,  transmit  twice  the  Information  in 
the  same  bandwidth  as  biphase  signals  [6,  p.  305].  Second,  the  four- 
phase  signal  can  be  structured  as  two  orthogonal  biphase  signals. 

Thus,  an  additional  biphase  signal  Is  available  to  Increase  system 
capabilities.  The  GPS  system  [7]  demonstrates  an  example  of  the  use 
of  this  signal  structure.  Third,  the  four-phase  signal  may  be 
affected  less  than  a  biphase  signal  by  cw  jamming  when  a  hardlimiter 
Is  used  in  the  receiver  [8].  Biphase  modulation  may  be  lost  when 
hardl Imlted  with  cw  Interference.  However,  some  residue  modulation 
remains  when  a  four-phase  signal  with  cw  Interference  Is  hardl imlted. 

This  report  presents  a  four-phase  modulation  system  that  may  be 
used  with  an  LMS  adaptive  antenna.  The  modulation  system  Is  a  spread 
spectrum  communication  system  and  It  Is  assumed  that  the  location  of 
the  desired  transmitter  Is  not  known  at  the  receiver.  System  code 
timing  must  be  acquired  by  the  receiver.  A  four-phase  system  had  been 
developed  that  overcomes  the  shortcomings  of  the  previous  biphase 
system  [4],  without  sacrificing  the  system's  rapid  acquisition  and 
conventional  (l.e.,  noise  and  cw)  jamming  protection  capabilities. 

This  four-phase  system  Is  described  here. 

The  four-phase  signal  consists  of  two  orthogonal  biphase  sig¬ 
nals.  One  signal  contains  a  short  code  for  rapid  acquisition.  The 
other  contains  a  long  code  to  be  used  for  protection  against  smart 
jammers  (jammers  that  the  biphase  system  Is  vulnerable  to).  A  ref¬ 
erence  signal  generation  technique  and  a  signal  acquisition  techni¬ 
que  are  developed  for  the  four-phase  signal.  This  report  analyzes 
the  signal  acquisition  technique  In  detail.  Analytical  and  experi¬ 
mental  results  demonstrate  both  rapid  acquisition  and  protection 
against  conventional  and  smart  jamming  with  the  four-phase  system. 

Chapters  II  through  V  of  this  report  discuss  four-phase  modu¬ 
lated  signals  and  their  use  with  an  adaptive  array.  Chapter  II 
discusses  several  methods  for  combining  two  codes  to  generate  a 
four-phase  signal  and  discusses  the  problem  of  generating  reference 


signals  for  this  four-phase  signal.  Chapter  III  describes  several 
Methods  for  combining  data  with  the  codes  and  discusses  the  problem 
of  generating  reference  signals  for  the  data  modulated  signal.  As 
will  become  clear,  the  reference  signals  discussed  In  Chapters  II  and 

III  may  be  only  partially  correlated  with  the  desired  signal.  Chapter 

IV  discusses  the  performance  of  the  adaptive  array  with  a  partially 
correlated  reference  signal.  A  particular  type  of  four-phase  modu¬ 
lated  signal  Is  chosen  In  Chapter  V(  and  a  communication  system  is 
developed  for  this  signal. 

Chapters  VI  through  X  analyze  this  four-phase  system  theoreti¬ 
cally.  Chapter  VI  studies  the  acquisition  of  the  short  code  timing 
by  the  receiver.  Chapter  VII  studies  the  short  code  tracking  error 
after  acquisition.  The  next  step  In  the  signal  acquisition  process, 
the  long  code  acquisition.  Is  studied  In  Chapter  VIII.  Chapter  IX 
discusses  the  communication  security  of  various  types  of  long  codes. 
Chapter  X  discusses  the  conmunl cation  security  of  the  system  when 
conventional  (e.g.,  noise  and  cw)  and/or  smart  jamming  (e.g.,  repeat 
jammers)  are  present  at  the  receiver. 

Finally,  Chapter  XI  describes  an  experimental  four-phase  system 
based  on  the  analysis  In  Chapters  VI  through  X,  and  discusses  the 
experimental  results  obtained  with  this  system.  Experimental  results 
are  compared  with  the  analytical  results  of  these  chapters.  The 
summary  and  conclusions  are  given  in  Char  -  XII. 


CHAPTER  II 

FOUR-PHASE  MODULATION  TECHNIQUES  WITH  TWO  CODES 


A.  Introduction 


This  chapter  describes  a  previous  biphase  system  [4]  used  for 
interference  rejection  and  examines  the  four-phase  modulation  tech¬ 
niques  that  can  be  used  to  Improve  the  system.  Section  B  describes 
the  previous  biphase  system.  The  shortcomings  of  this  system  are 
then  discussed.  Four-phase  modulation  is  shown  to  overcome  these 
shortcomings.  Section  C  describes  the  various  four-phase  modulation 
techniques.  One  problem  to  be  solved  with  four-phase  modulation  is 
the  generation  of  a  reference  signal  for  the  adaptive  array  In  the 
system.  Section  D  discusses  reference  signal  generation  with  the 
four-phase  signal.  Results  are  summarized  in  Table  1. 

B.  The  Biphase  System 

This  section  discusses  a  biphase  spread  spectrum  communication 
system  [4]  developed  for  use  with  an  LMS  adaptive  array.  The  section 
first  describes  the  LMS  array  and  then  the  biphase  modulation  tech¬ 
nique. 


A  block  diagram  of  an  N  element  LMS  adaptive  array  [1]  is 
shown  in  Figure  1.  The  signal  received  by  the  1-th  element,  y<(t). 


is  split  with  a  quadrature  hybrid  into  an  Inphase  signal,  Xj 


and  a  quadrature  signal,  Xq^(t). 
a  controllable  weight,  Wj4  or  Wq 
form  the  array  output,  s( 


ns: 


These  signals  are  then  multiplied  by 
The  weighted  signals  are  summed  to 


i  wi  hi  tiic  aiiojr  uuv-putj  oa  The  arrav  output  is  subtracted  from  a 
reference  signal  (described  below),  r(t;»  to  form  the  error  signal, 
e(t).  The  element  weights  are  generated  from  the  error  signal  and 
the  Xj  (t)  and  Xq^(t)  signals  by  using  correlation  feedback  loops  as 

shown  in  Figure  2. 


The  purpose  of  the  reference  signal  is  to  make  the  array  track 
the  desired  signal.  The  reference  signal  must  be  a  signal  correlated 
with  the  desired  signal  and  uncorrelated  with  any  Interference.  Gener¬ 
ation  of  the  reference  signal  with  a  biphase  modulated  signal  Is 
described  below. 


Figure  1.— Block  diagram  of  an  N  element 
LMS  adaptive  array. 
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FROM  OTHER 
ELEMENTS 


Figure  2.— Correlation  feedback  loop  for 
the  adaptive  array. 


The  binary  phase  shift  keyed  or  biphase  signal  described  In  [4] 
can  be  written  as 


s(t)  «  A  sin (w-j t  +  c(t)),  (1) 

where  A  Is  an  amplitude  constant,  Is  the  carrier  frequency  and 
c(t)  Is  a  binary  waveform  whose  value  switches  between  0  and  w.  The 
waveform  eft)  Is  made  up  of  the  modulo  2«  sum  of  two  symbol  streams, 
o(t)  and  y(t).  y(t)  Is  the  useful  Information  (or  data)  sent  over 
the  communication  system.  The  data  symbol  Interval  has  a  duration  of 
Tk  seconds.  a(t)  Is  a  pseudonoise  code,  l.e.,  a  maximum  length 
linear  shift  register  sequence  [9],  The  code  symbol  Interval  has  a 
duration  of  A  seconds  (one  chip  Interval).  Thus,  c(t)  can  be  written 
as 


c(t)  *  modulo  2w(a(t)  +  y(t)). 


(2) 
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where 

o(t)  *  iram  for  (m-1)  Ait  <  iha  (3) 

and 

y(t)  =  itdi  for  <i-l)  Tb  <  t  <  iTb  .  (4) 

In  the  above  equations,  am  (equal  to  0  or  1)  is  the  m-th  code  symbol 
and  d-j  (equal  to  0  or  1)  is  the  i-th  data  symbol.  The  data  symbol 
interval  is  greater  than  the  code  symbol  by  the  ratio 


k  *  Tb/A,  (5) 


where  k  is  an  Integer  and  is  defined  as  the  spreadinq  ratio.  It  is 
assumed  that  the  data  symbol  transitions  coincide  with  the  code 
symbol  transitions. 

It  should  be  noted  that.  In  many  practical  systems,  the  code 
and  data  symbols  are  differentially  encoded.  In  these  systems  c(t) 
is  given  by 


c(t)  =  o(t)  +  y[t) ,  (6) 

where 

a(t)  =  am  =  a(n_1  +  va^  for  (m-1 )  A  <  t  <  mi  (7) 

and 

Y(t)  «  Yi  «  +  *d1  for  (1-1)  Tb  <  t  <  iTb.  (8) 

For  the  biphase  modulated  signal,  a  reference  signal  can  be 
generated  from  the  array  output  signal  as  shown  in  Figure  3.  The 
array  output  is  first  mixed  with  a  locally  generated  signal  given  by 


s^t)  ■  B  sin(a)2t  +  0(t)  +  *), 


(9) 


where  B  Is  an  amplitude  constant,  ^  Is  the  local  oscillator  (LO) 
frequency,  and  i>  Is  the  phase  difference  between  So(t)  and  s(t)  In 
Equation  (1)  at  t  equal  to  0.  When  the  codes  of  trie  locally  gener¬ 
ated  signal  and  the  array  output  signal  are  synchronized,  the  lower 
frequency  component  of  the  mixer  output  Is  given  by 

s (t)  s^(t)  =  slnfU-j-w^t  +  y(t)  +  <|>).  (10) 


Thus,  the  lower  frequency  component  has  a  bandwidth  corresponding 
to  the  data  rate.  The  mixer  output  Is  passed  through  a  filter  with 
this  bandwidth.  The  desired  signal  component  Is,  therefore,  unchanged 
by  the  filter.  The  filter  output  Is  then  hardllmlted  so  that  the 
reference  signal  will  have  constant  amplitude.  The  hardlimiter  out¬ 
put  Is  mixed  with  the  locally  generated  signal  to  produce  the  ref¬ 
erence  signal.  The  reference  signal  Is  then  given  by 


r(t)  =  R  s1n(u)-|t  +  c(t))  (11) 


where  R  Is  the  amplitude.  Thus,  the  reference  signal  Is  an  ampli¬ 
tude  scaled  replica  of  the  desired  signal. 

Any  Interference  signal  without  the  proper  pseudonoise  code 
has  Its  waveform  drastically  changed  by  the  reference  loop.  When 
the  coded  local  oscillator  signal  Is  mixed  with  the  Interference, 
the  Interference  spectrum  Is  spread  by  the  code  bandwidth.  The 
bandpass  filter,  therefore,  changes  the  Interference  component  out 
of  the  mixer.  As  a  result,  the  Interference  at  the  array  output  Is 
uncorrelated  with  the  reference  signal. 

In  the  biphase  system,  the  timing  of  the  pseudonoise  code  Is 
acquired  and  tracked  at  receiver  by  a  delay  lock  loop  shown  In 
Figure  4.  To  acquire  the  code  timing,  the  code  generator  at  the 
receiver  Is  run  faster  than  the  received  signal's  code.  This  code 
slewing  Is  continued  until  the  sum  channel  voltage  In  the  delay  lock 
loop  exceeds  the  acquisition  threshold  (Indicating  the  two  codes 
are  aligned).  The  sweep  voltage  Is  then  switched  off  as  shown  In 
Figure  4. 

With  this  so-called  sliding  correlation  method,  the  code  gener 
ated  at  the  receiver  Is  correlated  with  the  received  signal  for  as 
many  as  all  possible  timing  offsets.  Thus,  the  acquisition  time  Is 
proportional  to  the  code  length,  and  the  code  length  must  be  short 
for  reasonable  acquisition  times. 


i 


Short  codes,  however,  may  not  have  adequate  security  for  many 
applications.  The  short  code^ repeats  often  during  transmission  of 
the  signal  and,  therefore,  the  code  can  easily  be  determined  and 
used  by  a  jammer.  When  the  code  modulates  the  jamming  signal,  the 
receiver  is  unable  to  distinguish  the  jammirfg  signal  from  the  desired 
signal.  To  overcome  this  problem,  codes  with  very  long  periods  are 
required. 

For  security  and  rapid  acquisition,  the  signal  must  contain 
both  a  long  and  a  short  code.  One  method  of  combining  the  two 
codes  is  four-phase  modulation.  The  next  section  discusses  four- 
phase  modulation  with  two  codes. 

|  C.  Four-Phase  Modulation  Techniques 

For  security  and  rapid  acquisition  In  a  spread  spectrum  com¬ 
munication  system  with  an  adaptive  array,  the  signal  must  contain 
both  a  long  and  a  short  code.  This  section  considers  how  the  two 
■  codes  can  be  combined  Into  a  four-phase  modulated  signal.  Both 

coherent  and  differential  phase  shift  keyed  modulated  methods  will 
be  considered. 

Two  codes  can  modulate  a  four-phase  or  quadrl phase  shift  keyed 
signal  In  two  basic  ways.  Although  these  two  modulation  techniques 
could  be  described  by  one  equation,  the  generation  of  reference 
I  signals  (see  Section  0)  Is  much  clearer  If  two  equations  are  used. 

Let  the  1-th  code  symbols  for  the  two  binary  code  streams  be  denoted 
by  a.|  and  bj  (equal  to  0  or  1).  Then,  for  one  modulation  technique, 
the  four-phase  signal  Is 


s(t)  «  s1n(u<|t  +  a(t)  +  e(t))  (12) 


where  for  coherent  encoding 


a(t)  -  Y|n* 
e(t)  =  6mir/2 


>  (m-1)  A  <  t  <  ma 


and  for  differential  encoding 


(13) 

(14) 


«(t) 

e(t) 


°m  °m-l  Ym* 


®m  "  ®m-l  +  ^m^J 


(m-1)  a  <  t  <  ma 
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(15) 

(16) 


f 


where 


■  fi(vb«>  ■ Oor  ’■  (,7) 

and 

sa  ■  W6**  ”  0  or  ’•  (18) 

The  f|(*)  and  f2(*)  are  two  arbitrary  functions. 

For  the  other  modulation  technique,  the  four-phase  signal  Is 

s(t)  »  ^  slnUjt+eft))  +  ^  cosU|t+*(t))  (19) 

where  for  coherent  encoding 

e(t)  -  Ymir  (20) 

(m-1 )  &  <  t  <  m 

♦(t)  *  6mn  (21) 

and  for  differential  encoding 

•(*)  *  \  ■  Vi  ♦  V  1  <K> 

»  (m-1)  a  ^  t  <  mA  . 

♦(t>  *  ♦«  ■  Vi +  V  j  <23> 


The  factor  of  1//?  has  been  used  In  Equation  (19)  so  that 
the  signal  power  Is  the  same  as  In  Equation  (12). 

The  functions  f|(«)  and  f2(*)  will  now  be  considered  to  de¬ 
termine  the  number  of  different  four-phase  signals  which  combine  two 
codes.  These  two  functions  can  be  combined  Into  one  function  f, 
given  by 


<vs«>  ■  f<vV-  <24> 
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For  the  signal,  s(t),  to  contain  the  same  Information  as  the 
two  code  symbol  streams,  the  function  f  must  be  one-to-one.  There 
are  four  combinations  of  two  code  symbols.  Therefore,  there  are  4! 
possible  mappings  between  the  four  permutations  of  (am.bm)  and  the 
four  permutations  of  (Ym»6m)*  or  24  one-to-one  functions.  As  an 
example,  five  of  these  functions  are  given  by 


Ym  "  am 

(25a) 

6m  a  bm* 

(25b) 

Ym  *  am 

(26a) 

6_  *  a  ©  b  , 
m  m v  m 

(26b) 

Y  =  b 

’m  m 

(27a) 

6  =  a  . 
m  m* 

(27b) 

V  =  a 

Tm  m 

(28a) 

6  =  b  , 
m  m* 

(28b) 

and 


\  ■  »-© *>. 


m 


m 


(29a) 


m 


a. 

m* 


(29b) 


where  @  represents  the  excluslve-or  operation  and  the  overbar 
denotes  the  Inverse  of  the  code  symbol. 


Most  of  the  twenty  four  functions  need  not  be  considered  for 
two  reasons.  First,  the  Inverting  of  a  symbol  stream  changes  the 
code,  but  not  the  modulation  method.  For  each  of  the  twenty  four 
functions,  there  are  three  others  (In  the  set  of  twenty  four)  that 
can  be  obtained  by  Inverting  either  one  or  both  code  symbol  streams. 


For  this  reason,  only  six  functions  need  be  considered.  The  func¬ 
tions  given  in  Equations  (25)  and  (28)  provide  an  example  of  the 
inverting  of  a  symbol  stream.  Second,  the  designation  of  the  two 
symbol  streams  as  a-j  or  b^  is  arbitrary.  For  each  of  the  remaining 
six  functions,  there  Is  one  other  (In  the  set  of  six)  that  can  be 
obtained  by  interchanging  the  aj  and  bf  code  symbols.  For  this 
reason,  only  three  functions  need  be  considered.  The  functions  given 
In  Equations  (25)  and  (27)  provide  an  example  of  this  Interchanging 
of  symbols.  Three  functions  which  represent  all  twenty  four  functions 
are  given  by  Equations  (25),  (26)  and  (29).  Because  the  function 
given  by  Equation  (29)  can  be  obtained  from  that  of  Equation  (26) 
by  Interchanging  ym  and  <5™,  the  former  function  will  not  be  considered 
In  determining  different  four-phase  signals.  Thus,  the  two  functions 
or  mappings  to  be  considered  are  given  by  Equations  (25)  and  (26). 

With  the  above  two  mappings  used  with  each  of  the  two  modu¬ 
lation  techniques  (given  by  Equations  (12)  and  (19))  four  different 
four-phase  signals  can  be  obtained.  These  are  given  by 


s(t)  *  sln^t  +  o(t)  +  6(t)), 

s(t)  *  s1n(o)-jt  +  a(t)  +  a(t)/2  +  &(t))  , 

s(t)  »  slnUt+ett))  +  i-  cos(a>i t+$(t))  , 

/?  1  /l  1 

and 

s(t)  *  —  s1n(u1t+e(t))  +  —  cos(ftHt+e(t)+$(t)) 
fl  1  iV  1 

where  for.  coherent  encoding 


«(t) 

e(t) 


V 

b_ir/2 

m 


(m-1 )  A  <.  t  <  ma 


or 


e(t) 

♦(t) 


a  ir 
m 


« 

1  (m-1 )  a  <  t  <  ma 

i 


(30) 

(31) 

(32) 

(33) 

(34) 

(35) 

(36) 

(37) 
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and  for  differential  encoding 


o(t)  ■  am  ’  Vi  +  V  (38> 

>  (m-1 )  A  <.  t  <  mA 

»<*>  *  6m  -  Vl  +  V'2  J  <39> 


or 


e<t>  ’  en  ’  Vi  +  V  (,0) 

-  (m-1 )  b  <_  t  <  mb  . 

*(t)  -  ^  (  (41) 


Therefore,  because  either  of  two  encoding  methods  (coherent  or  dlf 
ferentlal)  may  be  used  with  each  of  the  four  signals,  there  are 
eight  different  ways  to  generate  a  four-phase  signal  from  two 
codes. 

D.  Reference  Signal  Generation 

To  use  a  four-phase  signal  with  an  LHS  adaptive  array,  a  ref 
erence  signal  must  be  generated  from  the  signal.  This  section 
discusses  reference  signal  generation  for  each  of  the  signals  given 
In  Equations  (30)  through  (41).  For  each  signal,  the  locally 
generated  signals  will  be  determined  that  can  be  used  to  generate 
reference  signals  when  either  one  or  both  codes  are  synchronized 
at  the  receiver. 

With  a  four-phase  signal  the  same  type  of  reference  signal 
generation  loop  may  be  used  as  with  the  biphase  signal  (see  Figure 
3).  Reference  signal  generation  with  this  loop  Is  described  below 
for  each  of  the  different  four-phase  signals. 

For  s(t)  as  given  In  Equation  (30),  If  only  the  first  code 
stream  Is  synchronized,  a  reference  signal  can  be  generated  as  fol¬ 
lows.  The  locally  generated  signal,  sA(t),  In  this  case.  Is 


sft(t)  ■  s1n(«2t  +  o(t)  +  *).  (42) 


The  product  of  sfc(t)  and  s(t)  Is  given  by 

$A(t)  •  s(t)  -  \  cos((«1-u>2)t  +  &(t)  -  *)  +  sn(t),  (43) 


where  sn(t)  contains  thei>roducts  not  of  Interest.  If  $(t)  has 
been  derived  from  through  coherent  encoding  (Equation  (35)) 
then  6(t)  Is  either  0  or  */2  and  the  product  may  be  expressed  as 

s9(t)  s(t)  s  —  cos((ui,-uu)t  +  ir/ 4  -  \Ji) 

1  Zf[  1  2 

+  — —  sin(U-,-uio)t  +  n/4  +  ?rb  -  tp) 

2,/jr  1  £  m 

+  sn(t)  (44) 


for  (m-1)  a  <  t  <  mA.  Therefore,  a  cw  component  is  present  in  the 
mixer  output.  Because  of  this  cw  component,  a  reference  signal 
correlated  with  the  received  signal  can  be  generated  as  shown  below. 
The  output  of  the  bandpass  filter*  in  the  reference  loop  will  mainly 
consist  of  the  component  given  by  the  first  term  in  Equation  (44). 
All  other  signal  components  will  be  drastically  altered.  The  ref¬ 
erence  signal,  r(t),  as  given  In  Figure  2  is  then 


r(t)  ■  FHp  |s£(t)  cos((w1-a»2)t  +  w/4  -  \j>))|  (45) 

where  FHp{*>  1S  the  output  of  the  high-pass  filter  or 

r(t)  =  -3—  s1n(u»,t  +  a(t)  +  ir/4).  (46) 

4/?  ' 

(Note  that  R  In  this  case  Is  1/(4/?).) 

This  reference  signal  can  be  shown  to  be  correlated  with  s(t)  as 
follows.  The  signal,  s(t),  as  given  In  Equation  (30)  for  coherent 
encoding,  can  be  expressed  as 

s(t)  a  - —  slnfuit  +  a(t)  +  tt/4)  +  s1n(3(t)  -  ir/4) 

1 

•  cos(b)-|t  +  a(t)  +  ir/4).  (47) 


*8ecause  data  Is  not  modulating  the  four-phase  signal,  the  filter 
bandwidth  can  be  very  small. 


» 


The  correlation  of  s(t)  and  r(t)  Is  then  given  by 


where  E[*]  denotes  expected  value.  Thus,  the  reference  signal  is 
partially  correlated  with  the  desired  signal.  The  effect  of  partial 
correlation  on  array  performance  Is  discussed  in  Chapter  IV. 

For  s(t)  as  given  In  Equation  (30)  with  differential  encoding 
(Equation  (39)),  e(t)  may  take  on  any  of  the  four  phase  values. 

Thus,  the  product  of  s4(t)  (as  given  In  Equation  (42))  and  s(t)  as 
given  In  Equation  (43)  does  not  contain  any  cw  component.  Therefore, 
In  this  case  no  reference  signal  can  be  generated  with  only  the  one 
code  synchronized  at  the  receiver. 

For  s(t)  as  given  In  Equation  (30),  if  only  the  second  code 
symbol  stream  is  synchronized,  sA(t)  is 


sA(t)  *  sin(o>2t  +  e(t)  +  i|i).  (49) 


The  product  of  sf(t)  and  s(t)  Is  given  by 

St(t)  s(t)  a  -g-  COs((u>|-a»2)t  +  a(t)  -  x|»)  +  Sn(t).  (50) 


For  both  coherent  and  differential  encoding  there  is  no  cw  component 
In  the  product  term  and,  therefore,  sA(t)  as  given  In  Equation  (49) 
cannot  be  used  to  generate  a  reference  signal. 

For  s(t)  as  given  in  Equation  (30),  if  both  code  symbol  streams 
are  synchronized,  s*(t)  is 


sa(t)  *  sin(u>2t  +  a(t)  +  e(t)  +  ip) .  (51) 


The  product  of  s^t)  and  s(t)  is  given  by 

st(t)  s(t)  a  \  cos((u1-u2)t  -  *)  +  sn(t).  (52) 


Thus,  s,(t)  can  be  used  to  generate  a  reference  signal.  It  can 
easily  be  shown  that  the  correlation  of  s(t)  and  the  reference 
signal  is  one. 
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sA(t)  s (t)  =  |  cos((Ul-a)2)t  -  *}  +  sn(t).  (54) 


Thus,  So(t)  can  be  used  to  generate  a  reference  signal.  It  can 
easily  be  shown  that  the  correlation  of  s(t)  and  the  reference 
signal  is  one  half.  A  similar  result  Is  obtained  If  only  the  second 
code  symbol  stream  is  synchronized.  If  both  symbol  streams  are 
synchronized  s  (t)  is 


s.(t)  =  —  sin(o>9t  +  e(t)  +  <>)  +  —  cos(w~t  +  $(t)).  (55) 

z  c  ft  * 

The  product  of  s£(t)  and  s(t)  is  given  by 

s£(t)  s (t)  =  y  cos t  -  *)  +  sn(t).  (56) 


For  s(t)  as  given  in  Equation  (31)  the  same  results  as  pre¬ 
sented  above  apply  with  a(t)  replaced  by  a(t)  +  a(t)/2.  This  is 
shown  in  Table  1. 

For  s(t)  as  given  in  Equation  (32)  if  only  the  first  code 
symbol  stream  is  synchronized,  s£(t)  is 

s0  (t )  =  —  sin(w«t  +  Q  (t)  +  ij>).  (53) 

*  c 

The  product  of  s  (t)  and  s(t)  is  given  by 

Jv 


Thus,  s«(t)  can  be  used  to  generate  a  reference  signal.  It  can 

easily  be  shown  that  the  correlation  of  s(t)  and  the  reference  signal 

is  one.  » 

For  s(t)  as  given  in  Equation  (33)  if  only  the  first  code 
symbol  stream  Is  synchronized,  s£(t)  Is 

s.U)  *  sin(«?t  +  0(t)  +  *).  (57)  » 

£  v7  c 

The  product  of  s£(t)  and  s(t)  Is  given  by 

S  (t)  s(t)  *  J  COs((aii-0)2)t  -  <ji)  +  Sn(t),  (58)  9 
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Thus,  Sfc(t)  can  be  used  to  generate  a  reference  signal.  It  can  easily 
be  shown  that  the  correlation  of  s(t)  and  ‘rhe  reference  signal  is 
one  half.  If  only  the  second  symbol  stream  is  synchronized,  then  it 
can  be  shown  that  no  reference  signal  can  be  generated.  If  both 
symbol  streams  are  synchronized,  then  there  are  two  possible  locally 
generated  signals.  One  signal  is  given  by 

s„(t)  =  —  sin{w9t  +  4>{t)  +  e(t)  +  i|>).  (59) 

SZ  c 

The  product  of  s£(t)  and  s(t)  is  given  by 

s£(t)  s(t)  =  j  sin((oi1-w2)t  -  tp)  +  sn(t).  (60) 

Thus,  s*(t)  can  be  used  to  generate  a  reference  signal  whose  cor¬ 
relation  with  s(t)  can  be  shown  to  be  one  half.  Another  locally 
generated  signal  is 

s„(t)  *  —  sin(u9t  +  6 (t)  +ij/)+~  cos (u9t  +  4>(t) 

1  JZ  c  JZ  * 

+  ©  (t)  +  tp).  (61 ) 


The  product  of  s^(t)  and  s (t)  is  given  by 

s^t)  s (t)  *  j  cos((u1-ai2)t  -  ip)  +  sn(t) .  (62) 


Thus,  sx(t)  can  be  used  to  generate  a  reference  signal  whose  cor¬ 
relation  with  s(t)  can  be  shown  to  be  one. 

The  results  of  this  section  are  summarized  in  Table  1.  Thus, 
in  this  chapter  eight  possible  ways  to  modulate  a  four-phase  signal 
with  two  codes  have  been  shown,  and  several  ways  to  generate 
reference  signals  for  these  four-phase  signals  have  been  determined. 


CHAPTER  III 


DATA  MODULATION  METHODS 


A.  Introduction 


In  Chapter  II  four-phase  modulation  techniques  were  discussed 
which  involved  two  codes.  In  this  chapter  the  addition  of  data  to 
these  four-phase  signals  is  considered.  Several  methods  for  adding 
data  to  the  signals  will  be  described.  For  each  method  the  resulting 
four-phase  signals  will  be  examined  to  determine  if  each  of  the 
locally  generated  signals  listed  in  Table  1  still  generates  a  ref¬ 
erence  signal. 

For  a  reference  signal  to  be  generated  it  is  necessary  for 
the  product  of  the  locally  generated  signal  and  the  received  signal 
to  contain  a  component  whose  bandwidth  is  much  narrower  than  the 
received  signal  Itself.  Thus,  there  will  be  a  processing  gain  for 
the  desired  signal  In  the  reference  loop  of  Figure  3.  Specifically, 
some  type  of  spread  spectrum  signal  is  required  as  In  the  biphase 
system.  That  is,  the  data  rate  must  be  less  than  (in  general,  an 
Integer  multiple  less  than)  the  code  modulation  rate. 

There  are  several  ways  to  add  data  to  the  four-phase  signal 
which  result  in  some  type  of  spread  spectrum  signal.  The  three 
methods  considered  in  this  chapter  are  1)  mixing  a  data  bit  stream 
with  one  code,  2)  mixing  two  data  bit  streams  with  the  two  codes  and 
3)  mixing  one  data  bit  stream  to  both  codes  (i.e.,  the  same  data 
bits  are  mixed  with  each  code). 

In  Chapter  II  the  code  symbols  were  encoded  either  coherently 
or  differentially  because  the  detection  of  the  code  symbols  was  not 
required.  However,  the  data  bits  must  be  detected.  If  the  signal 
is  to  be  rapidly  acquired  by  the  receiver  and  the  data  detected 
immediately,  then  differential  encoding  (with  differential  detection) 
of  the  data  Is  required.  Therefore,  only  differential  encoding  of 
the  data  Is  considered  In  this  chapter. 

The  three  data  modulation  methods  are  described  below.  For 
each  method  the  various  four-phase  signals  are  analyzed  to  determine 
If  the  locally  generated  signals  listed  in  Table  1  can  be  used. 
Results  are  summarized  in  Table  2. 
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Four-Phase  Signal 

With  Two  Codes  Only 

Code  Symbol  Stream 

To  Which  Data  is 

Added 

Locally  Generated  Signal 

Which  Generates  Reference 
Signal 

s1n(i*,t+a{t)+6(t)) 
feCO-bj*^  only  I 

L( coherent  encoding)] 

a1 

b1 

Vbi 

a^+b^  (equal  data) 

s1n(«2t+a(t)+1)) 

s1n(u2T+®(t)+8(t)+*) 

Sln(u>-|  t+a(t)+B(t) ) 

*1 

b1 

a1+b1 

a^+b^  (equal  data) 

s1n(o>2t+a(t)+B(t)+<)) 

Sln(<i>i  t+a(t)+a(t)/2+fi(t) 

p(t)-b1w/2  only  1 
[(coherent  encodlngj 

«1 

b1 

Sln(ii>2t+a(t)+o(t)/2+B(t)+ti) 

Sln(Ult+a(t)+a(t)/2+B(t): 

#1 

b1 

Sln(u2t+a(t)+o(t)/2+B(t)+a) 

—  s1n(u.t*e(t)) 
ft  1 

♦  —  C0S(u>*  t+$(t )  ) 

ft 

a1 

b1 

*1+b1 

Sln(»»2t+e(t)+*) 

—  s1n(w2t+*(t)+*) 
ft 

*1+b1 

^  sln^t+ett 

s1n(u2t+*(t 

ft 

[^7 

♦  ^  cos^t* 

Table  2  (Continued) 


—  slnfu't+elt)) 

J! 

a1 

$1n(w?t+e(t)**) 

■ 1  1 

+  —  cos^t+eftj+^t)) 

/?  1 

—  sInfujt+aftWft)**) 

s1nU2t+e(t)+*l 
*  ^  cos  (ujt+e  ( t  )♦♦  ( t  )+#  )j 

b1 

^  s1n(«2t*e(t)+*) 

Vbl 

a^i  (equal  data) 

slnO^t+eftMt)**) 

B.  Data  Mixed  With  One  Code 


In  this  section  data  modulation  Is  considered  where  the  data 
bits  are  added  to  one  code  symbol  stream  only.  First  to  be  con¬ 
sidered  is  the  addition  of  data  bits  to  the  a^  code  symbols,  fol¬ 
lowed  by  the  bj  code  symbols. 

For  case  No.  1,  Table  1,  when  data  Is  added  to  the  aj  code 
symbols,  the  resulting  signal  may  be  expressed  as 


s (t)  -  s1n(Wlt  +  c(t)  +  8(t)),  (63) 

where 


c( t)  *  a(t)  +  Y(t) 


(64) 


where 


y(t)  ■  Y1  =  +  ird'j.j  (65) 


for  (1-1 )Th  1  t  <  IT5,  where  dn  Is  the  1-th  data  symbol  In  the  first 
(and  In  this  case,  only)  data  symbol  stream,  T.  Is  the  bit  Inter¬ 
val  and  y0  Is  equal  to  0.  It  should  be  noted  that  the  spreading 
ratio,  k.  Is  given  by 


k  =  Tb/A  .  (66) 


From  Table  1  one  possible  locally  generated  signal  Is  given  by 


S£(t)  =  sinfwgt  +  a(t)  +  i|>).  (67) 


The  resulting  product  of  s&(t)  and  s(t)  Is  given  by 

s£(t)  s (t)  =  —  cos  ((wj-ugH  +  r(t)  +  tt/4  -i|<)  +  sn(t). 

2 

(68) 

Because  the  first  term  In  the  above  equation  has  a  bandwidth  on  the 
order  of  the  data  modulation  rate,  a  reference  signal  can  be 
generated  using  the  locally  generated  signal  given  In  Equation  (67). 


From  Table  1  another  possible  locally  generated  signal  is  given  by 


s£(t)  =  sin(«2t  +  a(t)  +  S(t)  +  ij>).  (69) 

The  resulting  product  of  sA(t)  and  s(t)  is  given  by 

s^t)  s (t)  *  y  cos((u1-a>2)t  +  y(t)  +  ]>)  +  sn(t).  (70) 

Thus,  a  reference  signal  can  be  generated  using  s*(t)  as  given  in 
Equation  (69). 

For  case  No.  2,  Table  1,  with  data  added  to  the  a^  code 
symbols,  the  locally  generated  signal  given  for  this  case  can  easily 
be  shown  to  generate  a  reference  signal. 

For  cases  No.  3  and  4,  Table  1,  with  data  added  to  the  a{  code 
symbols,  the  resulting  signal  may  be  expressed  as 


s(t)  =  s1n(ujt  +  c(t)  +  c(t)/2  +  e(t))  (71) 

where  c(t)  Is  given  In  Equations  (64)  and  (65).  For  cases  No.  3 
and  4  It  can  easily  be  shown  by  the  same  method  presented  for  cases 
No.  1  and  2  that  reference  signals  can  be  generated  using  the  locally 
generated  signals  listed  In  Table  1. 

For  case  No.  5,  with  data  added  to  the  a^  code  stream,  the 
resulting  signal  may  be  expressed  as 

s(t)  *  —  s1n(ai,t  +  c(t))  +  —  cos(w,t  +  $(t))  (72) 

ft.  1  ft  1 


where 


C(t)  -  e(t)  +  y(t)  (73) 

and  y(t)  Is  given  In  Equation  (65).  For  the  locally  generated 
signals  given  by 


(75) 


s.(t)  *  —  s1n(u?t  +  #(t)  +  v») 

1  c 

It  can  easily  be  shown  that  a  reference  signal  can  be  generated. 
If  the  locally  generated  signal  Is  given  by 


st(t) 


—  s1n(u~t  +  s(t)  +  ♦)  +  - —  cos(u9t  +  *(t)  +  ♦) 

C  ft.  C 

(76) 


then  the  product  of  s,(t)  and  s(t)  as  given  In  Equation  (72)  Is 
given  by  1 

S£(t)  S(t)  -  j  COS^-UgH  +  v(t)  -  *) 

+  j  cos((d>i -(D2)t  -  i|»)  +  sn(t).  (77) 

Equation  (77)  may  be  expressed  as 

s£(t)  s(t)  -  y  cos((u1-«2)t  -  «)  +  sn(t)  (78) 

for  y(t)  ■  0, 

and 

s£(t)  s(t)  -  sn(t)  (79) 

for  y(t)  -  ir. 


From  Equation  (65),  It  should  be  noted  that  y(t)  may  only  take  on 
values  of  0  or  ir.  Thus,  the  output  of  the  bandpass  filter  and 
hardllmlter  shown  in  Figure  3  will  be  a  cw  signal  randomly  turned  on 
and  off  at  the  data  rate.  The  pulsed  signal  results  In  a  pulsed 
reference  signal  which  Is  correlated  with  the  desired  signal  only 
half  the  time.  Thus,  the  locally  generated  signal  given  by  Equation 
(76)  cannot  be  used  to  generate  a  reference  signal  for  use  by  the 
adaptive  array. 


For  case  No.  6,  with  data  added  to  the  a^  code  symbol  stream, 
the  resulting  signal  Is  given  by 


s(t)  =  —  s1n(«.t  +  c(t))  +  —  cos  (out  +  c(t)  +  ♦(t)). 
ft  1  ft  1 


For  the  signal  given  by  Equation  (80)  It  can  easily  be  shown  that  the 
locally  generated  signal  listed  In  Table  1  will  generate  reference 
signals. 


When  data  Is  added  to  the  bj  code  symbol  stream  only,  the 
resulting  signals  for  the  first  four  cases  In  Table  1  may  be  expressed 
as 


s(t)  *  sin (u>i t  +  a(t)  +  4(t))  (81) 


for  cases  No.  1  and  2,  and 


s(t)  =  Sln((i)<|t  +  a(t)  +  a(t)/2  +  4(t) )  (82) 


for  cases  No.  3  and  4,  where 


6(t)  *  B(t)  +  6(t)  (83) 


where 


«(t)  -6^  «1.1  +  tt/2  d2i  (84) 


for  (1-1)  T5  t  <  ITjj,  where  d?i  ^  the  1-th  data  symbol  In  the 
second  (and  In  this  case  only)  data  symbol  stream  and  «0  Is  equal 
to  0.  For  each  of  these  cases  the  locally  generated  signals  listed 
in  Table  1  can  be  shown  to  generate  reference  signals. 

With  data  added  to  the  b-j  code  symbol  stream,  the  resulting 
signals  for  the  last  two  cases  of  Table  1  are  given  by 

s(t)  »  —  s1n(w,t  +  e(t) )  +  —  cos(Ult  +  v(t))  (85) 

ft  1  ft  1 

for  case  No.  5,  and 
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s(t)  ■  —  s1n(w,t  +  e<t) )  +  —  cos(u>,t  +  e(t)  +  v(t) )  (86) 
ft  1  ft  1 

for  case  No.  6,  where 

v(t)  «  ♦(t)  +  n(t)  (87) 

where 


n(t)  *  *  n.j_-|  +  irdgj  (88) 


for  (1-1)  Tfc  <_  t  <  ITjj  and  n0  Is  equal  to  0. 

For  the  signal  given  by  Equation  (85)  the  same  reference 
signal  generation  results  apply  as  for  the  case  where  data  Is  added 
only  to  the  a^  code  symbol  stream.  That  Is,  the  locally  generated 
signals  given  by  Equations  (74)  and  (75)  but  not  Equation  (76)  can 
be  used  to  generate  a  reference  signal. 

For  the  signal  given  by  Equation  (86),  the  locally  generated 
signals  given  by 

s#(t)  **  —  s1n(w«t  +  e(t)  +  i>)  (89) 

1  ft  c 

and 


s#(t)  *  —  s1n(«2t  +  e(t)  +  ♦(t)  +  \|>)  (90) 

*  ft  c 

can  be  shown  to  generate  reference  signals.  If  the  locally  gener¬ 
ated  signal  Is  given  by 


st(t) 


—  $1n(u-t  +  e(t)  +  ,)  +  —  cos(iu-t  +  e(t)  +  *(t)  +  *) 
ft  C  ft  6 

(91) 


then  the  product  of  s,(t)  and  s(t)  as  given  In  Equation  (86)  Is 
given  by 


s4(t)  s(t)  »  J  cosUwj-wgH  -  <J») 

+  ^  cos(  (u>j-w2)t  +  n(t)  -  <|>) 

+  sn(t).  (92) 

Equation  (92)  may  be  expressed  as 

s(l(t)  s(t)  -  \  cos((Wl-u2)t  -  *)  +  sn(t)  (93) 

for  n(t)  a  0, 
and 

sA(t)  s(t)  *  sn(t)  (94) 

for  n(t)  *  ir. 


Therefore,  as  before,  sa(t)  as  gIVien  In  Equation  (91)  cannot  be  used 
to  generate  a  reference  signal. 

Thus,  when  data  Is  added  to  the  a^  code  symbol  stream,  all 
but  one  of  the  locally  generated  signals  listed  In  Table  1  can  be 
used  to  generate  a  reference  signal.  When  data  Is  added  to  the 
bj  code  stream,  all  but  two  of  the  locally  generated  signals  may 
be  used. 

C.  Data  Mixed  With  Both  Codes 


In  this  section  data  modulation  Is  considered  where  two  data 
bit  streams,  d|j  and  d2^,  are  mixed  with  the  two  codes.  The 
resulting  four-phase  signals  are  first  listed  and  the  generation 
of  reference  signals  for  each  case  investigated. 

With  data  added  to  both  code  symbol  streams,  the  resulting 
four-phase  signals  for  each  case  In  Table  1  are  given  by 


s(t)  *  slnfu^t  +  c(t)  +  5(t))  (95) 


for  cases  No.  1  and  2, 
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(96) 


s(t)  ■  sin(u1t  +  c(t)  +  c(t)/2  +  6(t)) 


for  cases  No.  3  and  4, 


s(t)  *  —  s1n(to1t  +  c(t))  +  —  cos(u>i t  +  v(t))  (97) 

ft  1  ft  1 

for  case  No.  5,  and 


s(t)  *  —  s1n(w,t  +  ;(t))  +  —  cos(us,t  +  c(t)  +  v(t))  (98) 
ft  1  ft  1 

for  case  No.  6,  where  c(t),  e(t),  and  v(t)  are  given  by  Equations 
(64),  (83),  and  (87),  respectively. 

For  the  signals  given  by  Equations  (95)  and  (96),  It  can  easily 
be  shown  that  the  locally  generated  signals  listed  In  Table  1  for 
cases  No.  1  through  4  will  generate  reference  signals.  However, 
for  the  signal  given  by  Equation  (96)  It  can  be  seen  that  It  Is 
Impossible  to  determine  the  data  values  when  d-j ^  is  equal  to  d£i . 
Therefore,  the  signal  given  by  Equation  (96)  cannot  be  used  to  trans¬ 
mit  two  data  streams. 

For  the  signals  given  by  Eauatlons  (97)  and  (98)  the  locally 
generated  signal  given  by 


s  (t)  *  s1n(u~t  +  e(t)  +  <J>)  (99) 

*  ft  c 

can  be  shown  to  generate  a  reference  signal.  Also,  for  the  signal 
given  by  Equation  (97)  the  locally  generated  signal  given  by 


s,(t)  *  s1n(«2t  +  4(t)  +  *)  (100) 

l  ft  c 

can  be  shown  to  generate  a  reference  signal.  Furthermore,  for  the 
signal  given  by  Equation  (98),  the  locally  generated  signal  given 
by 


s.(t)  «  —  slntat  +  e(t)  +  ${t)  +  <j>)  (101) 

1  ft  ' 

can  be  shown  to  generate  a  reference  signal.  The  remaining  locally 
generated  signals  will  now  be  examined  In  detail.  For  s(t)  as  given 
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In  Equation  (97)  and  s^t)  given  by 

s.(t)  =  ~  sin(u)9t  +  e(t)  +  +  —  cos(u9t  +  <|>(t)  +  ij>) 

*  ft  c  ft  z 


the  product  of  the  two  signals  Is  given  by 
s£{t)  s{t)  *  j  cosUwj-ugJt  +  y(t)  -  \J>) 

+  cos((u^-(U2)  t  +  n(t)  -  1)) 


+  $n(t)  . 


It  can  be  seen  that  Equation  (103)  may  be  expressed  as 
Sj^t)  s(t)  *  ^  cos ((o»j -wg) t  +  y(t)  -  +  sn(t) 


for  y ( t )  =  n(t) 


s£(t)  s(t)  =  sn(t) 


for  y(t)  =  n(t)  +  ir. 


002) 


003) 


004) 


(105) 


From  Equations  (65)  and  (88),  it  should  be  noted  that  the  two  re¬ 
lationships  between  y(t)  and  n(t)  given  above  are  the  only  ones 
possible.  Thus,  the  output  of  the  bandpass  filter  and  hardllmiter 
Is  a  cw  signal  randomly  turned  on  and  off  at  the  data  rate.  The 
pulsed  signal  results  In  a  pulsed  reference  signal  which  is  correl¬ 
ated  with  the  desired  signal  only  half  the  time.  Thus,  the  locally 
generated  signal  given  by  Equation  (102)  cannot  be  used  to  generate 
a  reference  signal  for  use  by  the  adaptive  array. 

For  the  signal  given  by  Equation  (98)  and  s  (t)  given  by 

Xr 

s  (t)  -  I-  s1n(o)2t  +  e(t)  +  *)+!-  cos  (out  +  e(t)  +  *(t)  +  *), 
*  ft  /[  c 

(106) 


31 


results  similar  to  those  presented  above  are  obtained.  Thus,  the 
locally  generated  signal  given  by  Equation  (106)  cannot  be  used  to 
generate  a  reference  signal  for  use  by  the  adaptive  array. 

Thus,  when  two  data  symbol  streams  are  added  to  both  code 
symbol  streams,  all  but  two  of  the  locally  generated  signals  listed 
In  Table  1  can  be  used  to  generate  reference  signals. 

D.  Like  Data  Mixed  With  Both  Codes 


In  this  section  data  modulation  is  considered  where  the  same 
data  bit  streams  are  mixed  with  the  two  codes.  Thus,  the  resulting 
four-phase  signals  are  given  by  Equations  (95)  through  (98)  with 


d11  =  d2i * 


(107) 


Reference  signal  generation  for  the  individual  cases  is  discussed 
below. 

For  s(t)  as  given  in  Equation  (95)  the  locally  generated  signals 
from  Table  1  for  cases  No.  1  and  2  can  be  shown  to  generate  reference 
signals. 

For  s(t)  as  given  in  Equation  (96)  it  can  be  seen  that,  since 
dn  is  equal  to  d2i ,  there  is  no  net  phase  shift  in  the  signal  due 
to  data.  Therefore,  data  modulation  of  this  type  cannot  be  used 
with  this  signal. 

For  s(t)  as  given  in  Equation  (97)  with  d-M  equal  to  d2l  it 
can  be  shown  that  the  locally  generated  signals  listed  in  Table  1 
can  be  used  to  generate  reference  signals. 

For  s(t)  as  given  in  Equation  (98)  with  d-j-j  equal  to  d2i  it 
can  be  shown  that  the  locally  generated  signals  given  by 


s£(t)  *  ~  sin(u>2t  +  e(t)  +  *) 


(108) 


s.(t)  *  —  s1n(u9t  +  e(t)  +  $(t)  +  ♦)  (109) 

1  c 

can  be  used  to  generate  reference  signals.  With  the  locally 
generated  signal  given  by 
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the  product  of  s^(t)  and  s(t)  as  given  in  Equation  (98)  is  given  by 

sA(t)  s(t)  =  |  cos((u1-w2)t  +  y(t)  -  *) 

+  ^  COs((o)-j-(1)2)t  -  i|>)  +  sn(t) .  (Ill) 

Equation  (111)  may  be  expressed  as 

sA(t)  s (t)  =  ^  cos((u1-w2)t  -  4»)  +  sn(t)  (112) 

for  y(t)  =  0, 
and 

s£(t)  s(t)  =  sn(t)  (113) 

for  y(t)  =  TT. 

Thus,  the  locally  generated  signal  given  by  Equation  (110)  cannot 
be  used  to  generate  a  reference  signal. 

Thus,  when  the  same  data  bit  stream  is  mixed  with  the  two  codes 
all  but  one  of  the  locally  generated  signals  listed  in  Table  1  can 
be  used  to  generate  reference  signals.  A  summary  of  the  results  of 
this  chapter  is  presented  in  Table  2. 


CHAPTER  IV 


LMS  ADAPTIVE  ANTENNA  PERFORMANCE  WITH  A 
PARTIALLY  CORRELATED  REFERENCE  SIGNAL 


A.  Introduction 


In  Chapters  II  and  III  some  of  the  reference  signals  considered 
were  only  partially  correlated  to  the  received  signal.  In  this  chapter 
the  effect  that  a  partially  correlated  reference  signal  has  on  the 
adaptive  antenna  performance  is  studied  and  compared  to  the  performance 
where  the  reference  signal  is  fully  correlated  with  the  received 
signal. 

As  seen  in  Table  1  the  correlation  of  the  reference  signal  and 
the  received  signal  is  either  1  (fully  correlated  case)  or  1/2  (par¬ 
tially  correlated  case).  These  two  cases  are  analyzed  and  compared 
below.  The  parameters  of  Interest  Include  the  steady  state  element 
weights,  the  array  output  signal -to-noise  ratio,  and  the  error  signal 
in  the  array.  The  first  parameters  considered  are  the  steady  state 
element  weights  for  an  N  element  antenna  array  with  desired  signal  and 
noise  present  at  the  receiver.  The  resulting  signal -to-noise  ratio  for 
both  types  of  reference  signals  is  then  determined.  Finally,  the  error 
signal  for  one  loop  of  the  adpative  array  is  examined  in  detail. 


B.  The  Steady  State  Element  Weights 

In  this  section  the  steady  state  adaptive  array  element  weights 
are  compared  for  the  partially  and  fully  correlated  reference  signals. 

A  block  diagram  of  an  N  element  LMS  array  is  shown  in  Figure  5.  The 
signal  received  by  the  ith  element,  v-j(t),  is  split  with  a  quadrature 
hybrid  into  an  Inphase  signal,  xj^t),  and  a  quadrature  signal ,  xq^(t). 
These  signals  are  then  multiplied  by  controllable  weight  wi^  or  wq,. 

The  weighted  signals  are  summed  to  form  the  array  output,  s0(t).  The 
array  output  is  subtracted  from  the  reference  signal  to  form  the  error 
signal,  e(t).  The  element  weights  are  generated  from  the  error  signal 
and  the  xi-j(t)  and  xq-j(t)  signals. 

The  four-phase  signals  to  be  considered  in  this  chapter  is  given 
by 
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Figure  5.  The  LMS  adaptive  array. 


s(t)  *  sin(«1t  +  e(t))  +  ~cos(«^t  +  ♦(t))  .  (114) 

The  results  of  this  chapter  will  be  the  same  for  the  other  four-phase 
signals  as  well.  The  signal  received  by  the  1th  element  may  be  ex¬ 
pressed  as 


y^t)  ■  s1n(»jt  +  e(t)  +  kj) 

+  7t  cos^“lt  +  *  Kj)  +  nl^  *  015) 

2 

where  AV2  Is  the  power  of  the  received  signal,  *■{  Is  the  phase  differ 
ence  In  the  signal  between  the  first  and  the  1th  element,  and  n-f (t)  Is 
the  noise  received  by  the  1th  element.  The  reference  signal  for  the 
fully  correlated  signal  case,  rj(t),  may  be  given  by 
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(116) 


rj  (t)  *  -j=  slnfu^t  +  e(t))  +  cosfc^t  +  <j>(t)) 

2 

where  R  /2  is  the  power  of  the  reference  signal.  The  reference  signal 
for  the  partially  correlated  case,  ^(t),  may  be  given  by 

r2(t)  *  R  sin(<i>2t  +  e(t))  .  (117) 

For  the  received  signal  given  by  Equation  (115),  the  inphase  signal 
out  the  quadrature  hybrid  is  given  by 

Ad 

xIl(t)  *  ^  sin(w1t  +  e(t)  +  Ki) 

A, 

+  cos^t  +  $(t)  +  *,)  +  nj^  (t)  ,  (118) 

where  nj.(t)  is  the  inphase  component  of  the  noise.  Similarly,  the 
quadrature  signal  out  of  the  quadrature  hybrid  is  given  by 

Ah 

XQi (t)  *  ~  sin(u>i t  +  e(t)  +  k1  +  ir/2) 

A, 

+  ^cosCt^t  +  *(t)  +  K1  +  tt/2)  +  nqi  ,  (119) 

where  nq^t)  is  the  quadrature  component  of  the  noise. 

For  the  N  element  array,  let  the  element  weight  vector  be  given 
by 


(120) 


and  the  signal  vector,  X  ,  be  given  by 


021) 


/xIl\ 

f  xQi  1 


\xQn  j 


The  signal  covariance  matrix,  *p,  is  defined  by 

*r  k  ECXrxJ]  022) 

where  E [•]  denotes  expected  value  and  xj  denotes  the  transpose  of  Xr. 
The  reference  correlation  vector  Sp  Is  defined  by 

Sr  *  Etyr(t)]  .  ("1 23) 


For  the  LMS  algorithm  [l]  it  can  be  shown  that  the  steady  state 
element  weights  are  given  by 

Wr  Sr  (124) 


(where  denotes  the  Inverse  of  O  when  *r  Is  nonsingular  (this  will 
always  be  true  when  noise  Is  present  at  the  receiver).  A  comparison 
will  now  be  made  between  the  fully  and  partially  correlated  cases.  For 
the  fully  correlated  case,  the  element  weight  vector  Is  given  by 

Wr  *  E[Xrr-j(t)]  .  (125) 


After  substituting  Equations  (116),  (118)  and  (119)  into  the  above 
equation,  the  weight  vector  Is  given  by 
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I — 1 


or 


026) 


(127) 


For  the  partially  correlated  case,  the  element  weight  vector  Is  given 
by 


Wr  -  E[Xrrz(t)] 


(128) 


Afte.'  substituting  Equations  (117)  through  (119)  In  the  above  equation, 
the  weight  vector  Is  given  by 

/'  \ 

0 

(129) 
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Therefore,  the  element  weights  are  less  by  a  factor  of  /2  In  the  parti¬ 
ally  correlated  case  as  compared  to  the  fully  correlated  case.  The 
reduction  In  weights  results  In  a  three  decibel  reduction  In  signal 
power  at  the  output  of  the  array  for  the  same  reference  signal  level. 
There  Is  a  similar  reduction  In  noise  and  Interfering  power  levels, 
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though,  and  the  array  output  signal -to-nolse  ratio  will,  therefore,  be 
the  same  for  both  correlation  cases. 

It  should  be  noted  that  In  an  actual  Implementation  of  the  IMS 
algorithm  the  decreased  signal  level  for  the  partially  correlated  case 
may  effect  the  array  performance.  Any  noise  generated  In  the  circuitry 
Itself  will  degrade  the  array  performance  more  In  the  partially  corre¬ 
lated  case.  Furthermore,  In  the  partially  correlated  case  the  component 
of  the  signal  from  which  the  reference  signal  is  derived  contains  only 
half  the  total  signal  power.  This  component,  therefore.  Is  six  decibels 
lower  In  the  partially  correlated  case.  Thus,  the  generation  of  the 
reference  signal  may  also  be  affected. 


C.  The  Error  Signal 

The  previous  analysis  considered  the  steady  state  performance  of 
the  array,  but  Ignored  the  weight  jitter  that  might  be  caused  by  changes 
In  the  error  signal.  In  this  section,  the  error  signal  Is  studied  for 
both  the  partially  and  fully  correlated  cases.  To  simplify  the  dls* 
cusslon  the  error  signal  Is  determined  for  a  single  loop  In  an  adaptive 
array  without  noise  present.  Results  can  be  extended  to  an  N  element 
array  with  noise  at  the  receiver. 

From  Equations  (127)  and  (129)  It  can  be  seen  that  for  a  one  loop 
adaptive  array,  the  steady  state  weight,  wi.  Is  given  by 


W1  *  R/Ad 


(130) 


for  the  fully  correlated  case,  and 


w]  «  R//2Ad  (131) 


for  the  partially  correlated  case.  The  signals  Involved  In  both  these 
cases  are  shown  In  a  one  loop  Implementation  of  the  LMS  adaptive  array 
In  Figures  6  and  7.  As  seen  In  Figures  6  and  7  the  error  signal  Is 
zero  for  the  fully  correlated  case.  However,  for  the  partially  corre¬ 
lated  case,  the  error  signal  Is  given  by 

e(t)  »  j  sln^t  +  e(t) )  -  |  cosU-jt  +  *(t))  .  (132) 


Thus,  the  error  signal  has  the  same  power  as  the  array  output  signals. 
In  this  case  the  product  of  e(t)  and  s(t)  Is  given  by 

z(t)  «  e(t)s(t) 


(133) 


or,  using  Equations  (132)  and  (114), 


z(t)  *  IJ-  slnft^t  +  e(t))  -  fcos^t 
•  slnjw^t  +  e(t))  +  cos(b>it 


Equation  (134)  can  be  reduced  to  give 
RAh 

z(t)  *  cos(2u-jt)  .  (135) 


As  shown  above,  z(t)  consists  of  a  sinusoidal  waveform  at  twice  the 
carrier  frequency  of  the  received  signals.  Because  this  frequency 
would  typically  be  outside  the  response  range  of  the  Integrator  In  the 
loop,  the  variation  In  z(t)  would  not  cause  any  weight  jitter.  However, 
In  a  hardware  Implementation  of  the  LMS  algorithm  with  non-ideal  com¬ 
ponents,  the  additional  error  signal  In  the  partially  correlated  case 
could  cause  some  weight  jitter. 

In  this  chapter  It  has  been  shown  that,  theoretically,  the  use  of 
a  partially  correlated  reference  signal  In  an  LMS  adaptive  array  will 
not  change  the  output  signal -to-nolse  ratio  or  weight  jitter  as  com¬ 
pared  with  the  use  of  a  fully  correlated  reference  signal.  In  an 
actual  hardware  Implementation  of  the  array,  however,  the  decreased 
signal  level  and  Increased  error  signal  In  the  partially  correlated 
case  may  degrade  the  array's  performance. 


+  ♦(t )  )J 
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CHAPTER  V 

USE  OF  FOUR-PHASE  SIGNALS  IN  A  JAMMER  ENVIRONMENT 


A.  Introduction 

In  this  chapter  a  four-phase  communication  system  with  an  adap¬ 
tive  array  at  the  receiver  Is  developed.  As  discussed  in  the  Intro¬ 
duction,  the  four-phase  system  was  developed  to  overcome  some  of  the 
shortcomings  of  a  previous  biphase  system  [4],  The  four-phase  system 
must  still  allow  for  rapid  acquisition  of  the  signal  at  the  receiver 
and  suppression  of  conventional  (e.g.,  noise  and  cw)  jamming  as  In 
the  biphase  system. 

The  shortcomings  of  the  biphase  system  are  discussed  first. 

The  results  of  Chapters  II  and  III  are  used  to  determine  which  modu¬ 
lation  techniques  can  be  employed  In  overcoming  these  shortcomings. 

As  In  any  technique  where  the  reference  signal  for  the  array  Is 
generated  from  the  array  output,  signal  acquisition  is  the  most 
difficult  part  of  the  problem  In  designing  the  system.  Several 
methods  for  signal  acquisition  are  discussed  and  one  method  Is  chosen 
for  the  design  of  a  system.  Finally,  the  design  of  the  entire  system 
Is  briefly  discussed  and  the  operation  of  the  system  Is  described. 

B.  Modulation  Technique 

Noise  and  Interference  with  a  greater  power  than  the  signal 
Itself  may  be  present  at  the  receiver  during  acquisition.  Thus, 

In  the  biphase  system,  the  code  timing  Is  acquired  at  the  receiver 
by  the  sliding  correlation  method,  whereby,  for  all  possible  code 
timing  offsets,  the  code  generated  at  receiver  Is  correlated  with 
the  received  signal  to  determine  the  correct  code  timing.  With 
an  adaptive  array  the  code  generated  at  the  receiver  Is  also  used 
to  produce  the  locally  generated  signal  for  the  reference  loop. 
Therefore,  when  the  receiver's  code  timing  Is  correct  the  adaptive 
array  will  Increase  the  signal -to-nolse  ratio  out  of  the  array. 

This  method  for  acquiring  the  code  timing  works  quite  well  but  does 
have  a  shortcoming.  The  number  of  code  timing  offsets  Is  equal  to 
the  code  length,  and,  thus,  the  code  must  have  a  short  length,  and 
repeat  numerous  times  during  the  acquisition  period.  It  Is,  there¬ 
fore,  not  difficult  for  a  Jammer  to  determine  the  short  code  and 
generate  Its  own  biphase  signal.  Since  the  adaptive  array  has  no 
way  to  distinguish  the  jammer's  signal  from  the  desired  signal,  the 
array  may  acquire  the  janvner's  signal  and  null  the  desired  signal. 


A  very  long  length  code  Is,  therefore,  required  for  greater  communi¬ 
cation  security;  preferably,  a  code  which  doesn't  repeat  over  a  long 
period  of  time. 

As  shown  in  Chapter  II,  four-phase  modulation  offers  a  method 
to  combine  a  short  code  for  rapid  acquisition  with  a  long  code  for 
communication  security.  The  short  code  will  be  used  to  generate  the 
reference  signal  only  during  acquisition.  If  the  long  code  can  be 
quickly  acquired  after  acquisition  of  the  short  code  (as  discussed 
in  Section  C),  then  the  long  code  can  be  used  to  generate  the  refer¬ 
ence  signal  to  provide  communication  security  for  the  system. 

Because  four-phase  modulation  Is  used,  it  Is  more  difficult  for  a 
jammer  to  determine  that  a  short  code  Is  present  in  the  signal  and 
what  the  short  code  symbols  are.  But  even  if  the  short  code  is 
determined,  the  receiver  can  distinguish  between  a  jammer  with  only 
the  short  code  and  the  desired  signal  because  the  jammer  would  not 
contain  a  long  code.  Thus,  the  system  can  be  made  secure  against 
this  type  of  jamming. 

Thus,  for  the  four-phase  system  to  overcome  the  short  code 
shortcoming  of  the  biphase  system,  two  possible  reference  signals 
must  exist  for  the  four-phase  signal.  One  reference  signal  is 
generated  knowing  only  the  short  code  timing  and  the  other  by  also 
knowing  the  long  code  timing.  From  Table  1,  It  can  be  seen  that 
the  four-phase  signals  In  cases  1,  3,  5,  and  6  have  at  least  two 
reference  signals  (l.e.,  two  different  locally  generated  signals). 
Furthermore,  for  the  system  to  remain  secure  after  long  code 
acquisition,  the  reference  signal  generated  from  the  long  code  must 
be  uncorrelated  with  a  biphase  signal  containing  only  the  short  code. 
Only  the  signals  In  cases  5  and  6  can  be  used  to  meet  this  condition. 
The  four-phase  signals  and  locally  generated  signals  that  can  be 
used  to  provide  security  against  a  jammer  with  a  biphase  signal 
containing  the  short  code,  are,  therefore,  given  by 

s(t)  «  —  s1n(Wlt  +  e (t) )  +  ~  cos(u>-|t  +  $(t))  (136) 

fl  1  /?  1 

with 


s  (t)  *  ~  s1n(b>7t  +  e(t)  +  (137) 

*  SZ  c 

and 


s.(t)  *  —  cos (upt  +  <j>(t)  +  *),  (138) 

*  /l  c 
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and 


s(t)  =  —  s1n(u>,t  +  e(t) )  +  —  cos(w,t  +  $(t)  +  e(t) )  (139) 
ft  1  ft  1 


with 


s.(t)  =  —  s1n(<o9t  +  e(t)  +  i|») 
1  ft  c 


(140) 


and 


s„(t)  =  —  s1n(«9t  +  «j>  (t)  +  e(t)  +  41).  (141) 

1  ft  £ 

It  should  be  noted  that  either  differential  or  coherent  encoding  of 
the  codes  can  be  used. 

The  method  of  data  modulation  for  the  four-phase  signal  will 
now  be  examined  as  a  way  to  overcome  the  second  shortcoming  of  the 
biphase  system,  the  vulnerability  to  a  repeat  jammer  with  remodu¬ 
lation.  With  a  biphase  signal  data  Is  added  to  the  coded  signal  by 
additional  180  degree  phase  shifts  In  the  signal.  Therefore,  the 
signal  from  a  jainner  which  repeats  the  desired  signal  and  adds  180 
degree  phase  shifts  cannot  be  distinguished  from  the  desired  signal. 
As  before,  the  array  may  acquire  the  jammer's  signal  and  null  the 
desired  signal.  To  overcome  this  problem,  the  four-phase  data 
modulation  technique  must  not  produce  additional  180  degree  phase 
transitions.  The  modulation  posslblltles  from  Table  2  are  s(t)  as 
given  In  Equation  (136)  with  data  added  to  either  the  a<  or  b *  code 
symbol  stream  and  s(t)  as  given  In  Equation  (139)  with  data  added 
to  the  bj  code  symbol  stream.  For  these  four-phase  signals,  biphase 
remodulation  produces  changes  In  the  data  and  data  on  the  previously 
unchanged  code  symbol  stream.  Because  the  component  of  the  signal 
which  contained  only  the  code  symbols  will  now  contain  data  (l.e.. 

It  is  now  a  spread  spectrum  signal),  the  remodulated  signal  can 
easily  be  distinguished  from  the  desired  signal. 

With  data  added  to  only  one  code,  the  phase  shift  due  to  a 
"1"  data  bit  Is  either  plus  or  minus  90  degrees.  The  actual  phase 
shift  depends  on  both  codes.  If  a  phase  shift  of  plus  or  minus 
ninety  degrees  Is  added  to  the  four-phase  signal.  It  Is  as  likely 
to  produce  an  apparent  data  bit  on  the  code  stream  without  data  as 
It  Is  to  change  the  data.  Therefore,  a  repeat  jammer  with  remodu¬ 
lation  Involving  random  phase  shifts  can  not  effectively  jam  the 
system.  The  repeat  janmtr  Is  required  to  have  a  detailed  knowledge 
of  the  signal  structure  and  the  codes  involved. 
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Therefore,  if  the  four-phase  signal  is  given  by  Equation  (136) 
with  data  added  to  the  aj  or  bj  code  symbol  stream,  or  Equation 
(139)  with  data  added  to  the  b1*  code  symbol  streams,  a  system  can  be 
designed  to  overcome  the  shortcomings  of  the  biphase  system.  The 
design  of  the  system  is  described  in  Section  D.  The  long  code  ac¬ 
quisition  will  be  determined  first,  though,  in  Section  C. 

C.  Long  Code  Acquisition 

As  stated  previously,  signal  acquisition  is  the  most  difficult 
aspect  of  the  four-phase  communication  system.  Acquisition  of  the 
signal  by  the  receiver  requires  the  acquisition  of  both  the  short 
and  long  code  timing.  The  short  code  timing  can  be  acquired  by  the 
sliding  correlation  method  as  in  the  biphase  system.  In  this  section 
the  acquisition  of  the  long  code  timing  is  discussed. 

It  is  desirable  to  have  the  long  code  acquisition  time  less 
than  the  short  code  acquisition  time,  so  that  the  total  acquisition 
time  for  the  four-phase  system  is  not  significantly  greater  than 
that  for  the  biphase  system.  Rapid  acquisition  of  the  long  code 
can  be  obtained  after  the  short  code  acquisition  because  of  two 
factors.  First,  after  acquisition  of  the  short  code,  any  jamming 
signals  will  be  nulled  by  the  array  and  the  output  signal -to-noise 
ratio  will  be  greater  than  that  at  the  input.  Also,  the  symbol 
transition  timing  for  the  long  code  is  already  known  since  the  short 
and  long  code  symbols  have  the  same  transition  timing.  The  possible 
methods  for  determining  long  code  symbol  timing  will  now  be  discussed 
and  one  method  will  be  chosen  for  use  in  a  system. 

One  method  for  determining  the  long  code  timing  Involves  a 
long  code  which  contains  several  shorter  codes  as  described  in  [10] 
and [113.  sliding  correlation  method  could  be  used  to  determine 
the  code  timing  of  these  shorter  codes  and,  thus,  the  entire  long  code, 
ver>  quickly.  However,  the  system  would  now  be  vulnerable  to  jamming 
by  signals  using  shorter  codes  and,  therefore,  some  of  the  security 
of  the  system  would  be  lost. 

Long  codes  can  also  be  generated  from  an  n-stage  feedback  shift 
register.  With  the  proper  feedback,  codes  of  up  to  length  2n-l 
(i.e.,  pseudorandom)  can  be  generated  from  the  n-stage  shift  register. 
Thus,  very  long  codes  can  be  generated  from  relatively  short  length 
shift  registers.  To  determine  the  code  timing  for  a  code  generated 
from  an  n-stage  shift  register,  It  Is  only  necessary  to  determine 
the  n  symbols  in  the  shift  register  at  a  given  time. 

One  method  that  the  receiver  can  use  to  determine  the  n  symbols 
involves  transmitting  the  n  symbols  as  data  on  the  short  code  during 
acquisition.  The  n  symbols  could  easily  be  detected  at  the  receiver 
and  loaded  into  the  shift  register.  Since  the  probability  of  a  data 
error  at  the  receiver  is  usually  very  small,  these  n  symbols  would 
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have  a  high  probability  of  being  detected  and  loaded  into  the  shift 

register  correctly.  The  disadvantage  of  this  method,  however,  is  that  f 

the  transmitter  must  first  send  the  n  symbols  and  then  the  data. 

Since  the  transmitter  does  not  know  when  the  signal  has  been  acquired, 
it  may  stop  sending  the  n  symbols  before  they  have  been  detected 
by  the  receiver.  In  this  case  the  entire  transmission  would  be 
lost  by  the  receiver. 

f 

Another  method  that  the  receiver  can  use  to  determine  the  n 
symbols  involves  the  detection  of  the  code  symbols  on  the  signal. 

,  The  n  consecutively  detected  code  symbols  will  be  the  current  contents 
of  the  shift  register  if  the  only  feedback  in  the  shift  register  is 
to  the  first  stage.  This  feedback  requirement  is  not  very  restric¬ 
tive  because  most  codes  are  generated  with  feedback  only  to  the  first  r 

stage.  This  acquisition  method  is  called  the  Rapid  Acquisition  by 
Sequential  Estimation  (RASE)  method  and  is  described  in  [12].  A 
block  diagram  is  shown  in  Figure  8  of  the  circuitry  needed  for  imple¬ 
mentation  of  this  technique.  For  this  technique,  the  code  symbols 
on  the  received  signal  are  demodulated  and  loaded  into  the  feedback 
shift  register.  This  shift  register  has  the  same  length  and  feedback  f 

connections  as  that  used  to  generate  the  code  at  the  transmitter. 

When  the  shift  register  is  fully  loaded  the  feedback  is  connected 
by  the  load  and  track  logic.  If  the  code  bits  have  been  detected 
correctly,  the  output  of  the  shift  register  is  synchronized  with 
the  code  on  the  received  signal.  To  verify  synchronization,  the 
correlation  between  the  received  signal  and  the  generated  code  is 
determined  by  the  load  and  track  logic.  If  the  correlation  value 
does  not  exceed  a  given  threshold,  the  above  process  is  repeated 
(i.e.,  the  shift  register  is  reloaded)  until  synchronization  is  ob¬ 
tained.  Using  this  method  synchronization  for  a  2n-l  bit  pseudo¬ 
noise  code  can  be  obtained  after  detection  of  as  few  as  n  code 
symbols.  Even  with  a  large  amount  of  noise  present  with  the  received  1 ' 

signal,  although  many  loadings  of  the  shift  register  may  be  required 
before  the  signal  is  acquired,  the  average  time  required  for  ac¬ 
quisition  is  still  much  less  than  for  the  sliding  correlation  method. 

For  use  with  the  four-phase  signal  the  RASE  method  must  be 
slightly  modified.  First,  for  rapid  acquisition,  the  code  symbols 
must  be  differentially  encoded  so  that  they  can  be  differentially 
detected  at  the  receiver.  Thus,  a  differential  detector  will  be 
used  to  determine  the  phase  shifts  in  the  received  signals.  Also, 
since  the  phase  shifts  in  the  signal  correspond  to  the  short  code, 
data,  and  the  long  code  symbols,  detection  logic  must  be  used  to 
determine  the  long  code  symbols  from  the  phase  shifts. 

A  block  diagram  of  the  RASE  method  Is  shown  in  Figure  9  for 
the  acquisition  of  the  long  code  timing.  As  shown  in  this  figure 
the  array  output  containing  the  desired  four-phase  signal  with  noise 
is  differentially  detected  using  the  symbol  transition  timing  from 
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the  tracking  of  the  short  code.  Information  about  the  phase  shifts 
present  at  each  bit  is  then  passed  to  the  detection  logic.  Since 
the  short  code  bits  are  known,  the  detection  logic  can  determine 
the  long  code  bits  and  in  some  cases  also  determine  if  errors  have 
been  made  by  the  differential  detector.  If  no  errors  are  detected, 
the  long  code  bits  are  loaded  into  the  shift  register.  The  shift 
register  is  then  connected  in  the  feedback  mode  and  the  output  of 
the  shift  register  correlated  with  the  array  output  to  verify  code 
timing.  If  the  correlation  of  the  two  signals  after  a  given  time 
exceeds  a  threshold  value,  the  output  of  the  shift  register  is  used 
to  generate  the  reference  signal  for  the  array.  Otherwise,  the  shift 
register  is  reloaded  and  the  process  repeated  until  code  synchroni¬ 
zation  is  obtained. 

If  the  long  code  acquisition  time  with  the  RASE  method  is  too 
long,  there  are  methods  to  decrease  the  acquisition  time,  although 
increased  circuit  complexity  is  required.  The  Recurs ive-aided  RASE 
method  can  be  used  as  described  in  [13].  Also,  If  the  Initial 
loadings  of  the  short  and  long  code  shift  registers  in  the  transmitter 
are  known  at  the  receiver,  then  the  long  code  timing  can  be  seen 
to  be  just  the  short  code  timing  plus  some  multiple  of  the  short 
code  length.  It  Is,  therefore  only  necessary  to  determine  this 
multiple  to  acquire  the  long  code  timing.  Thus,  the  long  code 
acquisition  time  may  be  reduced  by  a  factor  of  the  short  code  length, 
although  very  complex  circuitry  may  be  required  with  this  method. 

The  above  two  techniques  were  not  used  in  the  four-phase  system  be¬ 
cause  the  long  code  acquisition  time  as  determined  in  Chapter  VIII 
was  not  too  long. 

A  four-phase  modulation  technique  will  now  be  chosen  from  those 
given  at  the  end  of  Section  B.  As  stated  above,  the  long  code  must 
be  differentially  encoded  so  that  the  code  symbols  may  be  differen¬ 
tially  detected.  Also,  the  long  code  acquisition  time  using  the  RASE 
technique  can  be  shown  to  be  much  less  if  data  is  not  added  to  the 
long  code.  Thus,  if  the  a-j  code  symbol  stream  is  arbitrarily  chosen 
as  the  short  code  symbol  stream  and  bf  as  the  long  code  symbol  stream, 
then  the  only  four-phase  modulation  technique  that  can  be  used  is 
given  by 

s(t)  *  —  s1n(<o,t  +  c(t))  +  —  cos(w,t  +  <fr(t))  (142) 

ft  1  ft  1 

where 


c(t)  *  e(t)  +  y(t)  (143) 


where 
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(144) 


e(t)  =  em  =  em  ,  +  wam 
'  m  m-1  m 


for  (m-1 )  a  <_  t  <  mA, 
and 

v(t)  ■  Yi  =  Yi.!  +  *di  {145) 


for  (i-1)  Tb  <  t  <  iTb 
and 

*(t>  =  ^m  =  Vl  +  ffbm  (146) 


for  (m-1 )  a  <_  t  <  mA. 


The  am,  b^,  and  d^  are  the  m-th  short  code  symbol,  m-th  long  code 
symboi,  and  the  i-th  data  symbol,  respectively. 

D.  System  Description 

The  entire  four-phase  communication  system  as  developed  in 
the  preceding  sections  will  now  be  described.  First  to  be  discussed 
is  the  acquisition  procedure.  A  block  diagram  of  the  entire  system 
Is  then  described  and  the  areas  of  study  in  the  next  chapters  are 
mentioned. 

In  summary,  the  signal  acquisition  procedure  is  as  follows: 

1)  The  short  code  timing  is  acquired  using  the  sliding 
correlation  method. 

2)  The  short  code  is  used  to  generate  a  reference  signal 

in  the  array  to  null  jammers  and  increase  signal-to-noise 
ratio. 

3)  The  long  code  timing  is  quickly  acquired  using  the  RASE 
method. 

4)  The  long  code  is  immediately  used  to  generate  the 
reference  signal  to  provide  system  security. 

To  provide  protection  against  smart  jammers  (l.e.,  jammers  using  only 
the  short  code  or  repeat  janmers  with  remodulation),  if  the  long 
code  timing  is  not  acquired  in  a  short  period  of  time  (step  3), 
the  short  code  timing  is  changed  and  steps  1  through  4  are  repeated. 
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A  block  diagram  of  the  entire  four-phase  communication  system 
is  shown  in  Figure  10.  The  four-phase  signal  is  transmitted  and 
received  by  the  adaptive  array.  From  the  array  output  the  short 
code  timing  is  determined  and  then  tracked  by  the  delay  lock  loop  as 
in  the  biphase  system.  Long  code  timing  is  acquired  by  the  long 
code  acquisition  circuitry.  The  control  logic  controls  the  acqui¬ 
sition  procedure  steps,  including  which  codes  are  used  in  the  ref¬ 
erence  loop. 

There  are  several  areas  of  study  for  this  system  which  are 
covered  in  greater  detail  in  the  next  several  chapters.  These  areas 
include  the  short  code  acquisition  (Chapter  VI),  the  tracking  of  the 
short  code  by  the  delay  lock  loop  (Chapter  VII),  and  the  long  code 
acquisition  (Chapter  VIII).  Also,  the  structure  of  the  long  code 
required  for  a  secure  system  (Chapter  IX)  and  the  effect  of  smart 
jamming  (Chapter  X)  are  discussed. 
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CHAPTER  VI 

SHORT  CODE  ACQUISITION 


A.  Introduction 


The  first  step  In  the  acquisition  of  the  four-phase  signal  by  the 
receiver  Is  the  acquisition  of  the  short  code  timing.  In  this  chapter 
short  code  acquisition  Is  considered  for  the  sliding  correlation  method 
using  a  delay  lock  loop.  Although  the  acquisition  method  was  also  used 
In  the  biphase  system,  the  acquisition  method  was  not  analyzed  In  de¬ 
tail.  Results  presented  In  this  chapter  are  applicable  to  both  the 
four-phase  and  biphase  systems. 

The  purpose  of  this  chapter  Is  to  study  the  acqulsticn  process 
and  determine  the  equations  Involved  so  that  the  results  can  be  used 
In  the  design  of  the  four-phase  system.  In  Section  B  a  general  dis¬ 
cussion  of  the  sliding  correlation  method  Is  presented.  The  maximum 
code  length  for  acquisition  In  a  given  time  In  determined  and  related 
parameter  discussed.  In  Section  C  the  acquisition  without. noise  Is 
studied.  The  time  response  of  the  delay  lock  loop  Is  determined 
during  the  acquisition  period.  In  Section  D  the  acquisition  with 
noise  Is  considered.  Equations  are  derived  which  determine  the  proba¬ 
bility  of  acquisition  with  noise.  Filter  bandwidths  and  threshold 
levels  are  determined  for  optimum  performance  of  the  sliding  correla¬ 
tion  method  for  given  operating  conditions. 

B.  Maximum  Code  Length  and  Sweep  Rate 

The  first  step  In  the  acquisition  of  the  signal  by  the  receiver 
Is  the  determination  of  the  proper  timing  of  the  short  code.  Proper 
code  timing  Is  then  maintained  by  a  delay  lock  loop.  The  discussion 
In  this  section  concerns  the  performance  and  the  parameters  Involved 
In  the  acquisition  of  the  short  code  by  the  sliding  correlation  method. 

Noise  and  Interference  with  a  greater  power  than  the  signal  Itself 
may  be  present  at  the  receiver  during  acquisition.  Because  of  this, 
the  best  method  for  determining  the  short  code  timing  must  Involve  a 
checking,  for  all  possible  code  timing  offsets,  of  the  correlation  of 
the  received  signal  with  a  locally  (or  receiver)  generated  signal  con¬ 
taining  the  short  code.  The  timing  offset  which  produces  the  greatest 
correlation  Is  then  used  by  the  delay  lock  loop  to  track  the  short  code. 


To  reduce  the  magnitude  of  false  correlation  peaks,  the  correlation 
should  be  made  over  an  entire  code  period  (the  time  It  takes  before  the 
code  repeats  Itself),  Thus,  the  code  rate,  acquisition  time,  raCq,  and 
code  length  (number  of  bits  In  the  code  before  It  repeats),  N,  may  be 
related  by  the  equation 

Code  rate  *  N  •  N  •  — —  .  (147) 

Tacq 

The  above  equation  assumes  that  once  an  estimate  (within  1  chip 
on  code  bit  Interval)  of  the  timing  offset  has  been  made,  the  time  re¬ 
quired  to  reduce  the  timing  accuracy  to  within  the  steady  state  error 
of  the  delay  lock  loop  (final  transient  time)  Is  negligible.  Although 
this  is  not  always  the  case,  as  will  be  seen  later,  this  Is  a  useful 
approximation  at  this  point. 

For  a  given  code  rate  and  acquisition  time,  the  maximum  code 
length  Is,  from  Equation  (147),  given  by 


N  <,  /TaCq"c°de  rate  .  (148) 

The  code  length  can  be  longer  than  this  value  only  If  correlation 
Is  made  over  less  than  an  entire  code  period.  The  code  structure  would 
have  to  be  examined  In  much  greater  detail  In  this  case. 

Because  the  short  pseudonoise  code  Is  usually  generated  from  a 
linear  feedback  shift  register,  the  code  length  used  In  a  system  may 
be  given  by 


N'  =  2n-l  ,  (149) 


where  n  Is  the  number  of  stages  In  the  shift  register. 

Thus,  N'  will.  In  general  be  less  than  N. 

The  sequential  checking  of  all  timing  offsets  may  be  done  either 
In  a  digital  or  analog  form.  In  the  digital  method  [14,  pp.  588-592] 
the  locally  generated  signal  Is  at  the  same  code  rate  as  the  received 
signal.  The  output  of  the  correlation  circuitry  Is  sampled  at  a  certain 
time,  compared  to  a  threshold  value,  and,  if  below  this  value,  the 
timing  offset  of  the  locally  aenerated  code  Is  Incremented  by  a  fixed 
amount  (usually  0.5  or  1  chip).  The  process  Is  repeated  until  the 
correct  timing  offset  Is  found. 
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In  the  analog  or  sliding  correlation  method,  the  receiver  gen¬ 
erated  signal  Is  at  a  slightly  different  code  rate  from  the  received 
signal.  The  output  of  the  correlation  circuitry  Is  continuously  com¬ 
pared  to  a  threshold  value.  When  the  threshold  Is  exceeded  the  code 
rate  of  the  locally  generated  signal  Is  changed  to  that  of  the  received 
signal.  Although  the  acquisition  probabilities  of  both  methods  are 
very  similar,  the  analog  system  can  switch  to  delay  lock  loop  tracking 
closer  to  the  correct  timing  offset.  This  reduces  the  final  transient 
time  of  the  delay  lock  loop  In  achieving  steady  state  performance. 

Thus,  the  analog  method  will  be  considered  In  this  section. 

For  the  analog  system  the  code  rate  difference  between  the  re¬ 
ceived  signal  and  the  locally  generated  signal  (sweep  rate)  Is  given  by 

Sweep  rate  *  — eMr>ate  .  (150) 


As  stated  before  the  acutal  code  length  employed  In  a  system,  N', 
is  usually  less  than  N.  The  sweep  rate  used  may  then  be  given  by 

Sweep  rate  =  — —  ,  (151) 


which  is  greater  than  or  equal  to  the  sweep  rate  of  Equation  (150). 
Thus,  the  acquisition  time  may  be  slightly  less  than  the  Tacq  in 
Equation  (148),  to  keep  the  total  short  code  acquisition  time  below 
Tacq  even  when  considering  the  effect  of  the  final  transient  time. 

Thus,  in  this  section  the  maximum  code  length  for  acquisition  in 
a  given  time  was  determined  to  be  given  by  Equation  (148)  and  the  sweep 
rate  for  the  chosen  code  length  was  determined  to  be  given  by  Equation 
(151). 


C.  Acquisition  Without  Noise 

In  this  section  the  acquisition  Is  studied  of  the  short  code  by 
the  sliding  correlation  method  using  a  delay  lock  loop.  A  block  dia¬ 
gram  of  the  delay  lock  loop  using  envelope  correlation  Is  shown  In 
Figure  11.  As  seen  In  this  figure,  the  received  signal  Is  split  Into 
two  channels.  In  one  channel  the  si anal  Is  mixed  with  the  code  advanced 
by  half  a  chip  (code  symbol  Interval)  and  in  the  other  channel  with 
the  code  delayed  by  a  half  a  chip.  When  the  code  timing  at  the  receiv¬ 
er  Is  the  same  as  the  received  signal's  code  timing,  the  received  signal 
is  despread  by  the  mixing  process.  The  output  of  the  mixers  Is  then 
passed  through  a  bandpass  filter  and  an  envelope  detector  Is  used  to 
determine  the  output  signal  level.  The  outputs  of  the  two  envelope 
detectors  are  then  subtracted  and  passed  through  the  loop  filter,  F(p). 
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Figure  11.  The  delay  lock  loop  with  envelope 
correlation. 


r 
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A  sweep  voltage*  SV,  Is  added  to  the  output  of  the  loop  filter  during 

acquisition.  When  the  sweep  control  circuitry  determines  that  the 

timing  error  Is  within  the  lock  range  of  the  loop,  the  sweep  voltage 

Is  turned  off.  The  voltage  out  of  the  summer  Is  used  to  control  the 

frequency  of  voltage  controlled  oscillator  (VCO)  which  is  used  to  clock  » 

the  feedback  shift  register. 

The  sliding  correlation  method  studied  In  this  chapter  is  similar 
to  that  described  In  [14]  for  the  biphase  system.  The  delay  lock  loop 
described  In  [14]  Is  shown  In  Figure  12.  The  major  difference  In  the 
delay  lock  loops  of  Figures  11  and  12  Is  the  lack  of  a  squarer  and  * 

square  rooter  to  remove  data  on  the  signal  In  Figure  11.  Because  the 
loop  bandwidth  of  the  delay  lock  loop  will.  In  general,  be  much  less 
than  the  data  bandwidth,  the  use  of  the  squarer  and  the  square  rooter 
was  found  to  be  unnecessary.  Furthermore,  the  removal  of  these  non¬ 
linear  elements  makes  possible  an  exact  analysis  of  the  delay  lock  loop. 


> 
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The  analysis  of  the  code  timing  acquisition  has  been  done  pre¬ 
viously  for  the  delay  lock  loop  with  square  law  detection  (see,  for 
example,  [6]).  However,  In  this  chapter  the  delay  lock  loop  Is  con¬ 
sidered  with  linear  envelope  detection  and  with  the  use  of  the  sum 
channel  to  determine  when  to  stop  the  slewing  of  the  code  during  acqui¬ 
sition.  Linear  envelope  detection  Is  used  because  It  Is  better  suited 
for  use  with  the  sum  channel  as  discussed  later. 

To  analyze  the  delay  lock  loop,  this  loop  may  be  modelled  as 
shown  In  Figure  13  [6,  p.  577].  The  equation  describing  the  loop  Is 
given  by 

t  =  [D(e)g0F(p)  +  SV]  (152) 

where 


t  *  t  -  e  .  (153) 


t  -  code  timing  estimate 
t  -  received  signal  timing 
c  -  timing  error 

0(e)  -  loop  discrimination  characteristic 
p  -  d/dt 
g0  -  loop  gain 

Figure  13.  Mathematical  model  of  the  delay  lock  loop 
of  Figure  11 . 
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After  rearranging  terms,  the  equation  Is  given  by 


SV  +  0(e)goF(p)  -  p(x  -  c) 


(154) 


To  normalize  the  parameters  with  respect  to  time,  let 


x  2  I  .  (155) 

y  -  i  ,  (156) 

A 

s  ^  *  .  (157) 

po 

and 

g  A  ,  (158) 


where 

a  is  the  chip  interval,  and 
pq  is  the  loop-filter  frequency  constant. 

If  the  discriminator  characteristic,  D(x),  is  normalized,  such  that 


D * (0)  -1.0  ,  (159) 

where  D'(x)  £  dD(x)/dx  then  g  Is  the  normalized  gain.  Equation  (154) 
may  be  rewritten  as 

SV  +  D(x)gF(s)  -  s(y  -  x)  .  (160) 


For  the  loop  filter  whose  transfer  function  Is  given  by 


F(s) 


i_WLs 

1  +  gs 


(161a) 


where 
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g  »>  1 
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(161b) 


the  closed  loop  transfer  functions  of  the  loop  "has  been  shown  to  be 
optimum  for  ramp  inputs  of  delay  in  the  presence  of  white  noise  in  that 
it  minimizes  the  total  squared  transient  error  plus  the  mean-squared 
error  caused  by  interfering  noise"  [6,  p.  545].  Hence,  this  filter 
will  be  analyzed  in  the  loop. 


Equation  (160)  may  then  be  rewritten  as 


SV  +  D(x) 


1  +  s 

171 

Lg  s 


-  s(y  -  x) 


and 


(162) 


x  =  -Jd(x)  +  S?  D'(x)*  +  x/g  -  y/g  -  y  +  +  Svl 


where 


(163) 


x 


-  d* 

dt 


(164) 


If  we  assume  the  received  signal's  code  timing  is  not  changing 
with  time,  i.e.. 


y  =  y  3  o 


then  Equation  (163)  may  be  put  in  the  form  given  by 

dx  „  [D(x)  +  /2  D'(x)x  +  x/g  +  SV/g  +  Sfl] 

3x  "  3 


In  the  delay  lock  loop  of  Figure  11,  the  envelope  detector  may 
use  either  linear  or  square  law  detection.  For  large  signal -to-noise 
ratios,  both  types  of  detectors  have  about  the  same  output  signal -to- 
noise  ratios.  Because  the  signal -to-noise  ratio  in  the  envelope  de¬ 
tector  Is  basically  the  same  as  that  for  data  detection,  the  signal -to- 
noise  ratio  will  usually  be  large.  Also,  the  discriminate  character¬ 
istics  of  the  loop,  D(x),  will  be  the  same  for  both  types  of  detectors 
when  the  timing  error  Is  within  one-half  of  a  chip.  However,  the 
linear  envelope  detector  gives  a  more  suitable  output  for  use  by  the 


(165) 


(166) 
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}uisition  (sweep  control)  circuitry,  as  shown  later.  Thus,  the  delay 
:k  loop  with  linear  envelope  detection  will  be  analyzed. 

With  linear  envelope  detection,  the  expression  for  the  discrimi- 
tion  characteristic  is  given  by 


D(x)  * 


-0.5  (1.5  +  x) 


0.5  (1.5  -  x) 


-1.5  <_  x  <_  -0.5 
j x |  <  0.5 
0.5  <_  x  <_  1 .5 
el sewhere 


(167) 


O' (x)  = 


0.5  <  |x|  <1.5 
| x |  <  0.5 
el sewhere 


(168) 


From  Equation  (166),  using  Equations  (167)  and  (168),  a  phase 
me  plot  of  the  acquisition  trajectory  of  the  loop  may  be  determined. 
*ever,  in  Equation  (166),  when  the  sweep  voltage  is  turned  off,  Stf 
:omes  infinite  as  does  d*/dx.  This  discontinuity  may  be  taken  into 
:ount  by  examining  Figure! 3,  which  shows  that  when  the  sweep  voltage 
removed  the  value  of  *  (e),  changes  immediately  by  Stf.  Because  of 
s  fact,  SV  need  not  be  considered  In  Equation  (166). 

Computer  analysis  to  determine  the  phase  plane  plot  can  be  made 
using  the  approximations  given  by 


=  *n  +  Yn  6xn 


(169) 


Vl  "  xn  +  6xn 


(170) 


,  dx 
Yn  3x 


(171) 
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and  6xn,  chosen  to  minimize  the  number  of  steps  while  maintaining  accu¬ 
racy,  is  given  by  (as  suggested  in  [6,  p.  579])  f 

S9n(iln)  '  °72) 

To  obtain  a  time  response  for  the  system,  computer  analysis  can  f 

be  made  using  the  approximation 

6xn  1 

‘n+l  -  ‘n  +  T+l^T  \  ■  073) 

r 

Using  the  above  method,  consider  first  the  case  where  the  sweep 
control  circuitry  is  not  employed,  i.e.,  the  sweep  voltage  is  always 
applied.  Figures  14  and  15  show  the  acquisition  trajectories  and  time 
response  of  the  loop  with  infinite  loop  gain  (meeting  the  requirement 
of  Equation  (161)).  When  the  loop  gain  is  reduced  to  a  practical  value 

of  10,  Figures  16  and  17  demonstrate  that  the  response  of  the  loop  is  » 

basically  unchanged.*  Thus,  a  loop  gain  of  10  will  be  assumed  in  this 
analysis. 

Figure  16  shows  that  the  maximum  normalized  sweep  speed,  xn,  for 
which  the  loop  still  locks  is  approximately  given  by 

r 

-  1  ,  (174) 

which  corresponds  to  a  sweep  speed  of  pp  chips  per  second.  For  xs 

equal  to  one,  the  time  required  to  reach  steady  state  is,  from  Figure  , 

17,  about  8/p0  seconds,  i.e.,  the  final  transient  time  is  the  same  as 

the  time  needed  to  search  8  timing  offsets. 

Now,  in  general,  pp  would  be  chosen  to  be  fairly  small  to  reduct 
the  jitter  In  tracking  tne  pseudonoise  code  by  the  delay  lock  loop  (see 
Chapter  VII),  The  magnitude  of  the  jitter  Is  especially  Important  In  , 

the  short-long  code  acquisition  scheme  under  consideration  because  In¬ 
creased  jitter  causes  Increased  long  code  acquisition  time  (see  Chapter 
VIII),  Also  with  noise  present  In  the  system  the  sweep  rate  may  be  set 
considerably  less  than  p0  to  ensure  acquisition. 


*  A  steady  state  error  in  the  loop  exists  in  this  case  which  may  be 
calculated  and  eliminated  in  the  timing  estimate  used  by  the  receiver. 
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Figure  14.  Acquisition  trajectory  of  the  delay  lock 

i 

loop  with  linear  envelope  detection 
(Infinite  loop  gain),  for  various 

p 

5 

sweep  speeds. 

Thus,  to  acquire  the  short  code 

in  the  required  time  without  a 

large  steady  state  code  jitter,  a  much  higher  sweep  speed  than  p0  is 

>  . 

i 

usually  required.  Circuitry  Is  needed  which  switches  off  the  sweep 

w 

- 

voltage  based  on  the  decision  that  the  timing  error  Is  such  that  the 

loop  will  lock  without  the  sweep  voltage.  For  the  loop  to  lock  the 
acquisition  trajectory  must  be  In  a  given  region  of  the  phase  plane 

after  the  sweep  voltage  Is  removed. 

This  region  is  shown  In  Figure  18. 

Figures  19  through  22  show  the  effect 

of  switching  off  the  sweep  volt- 

age  at  various  times,  i.e.,  timing  offsets.  In  these  cases  the  sweep 

V 

— 

speed  Is  set  equal  to  4p->.  However, 

similar  results  are  obtained  for 

. 

much  higher  sweep  speeds.  Thus,  the  location  of  the  acquisition  tra¬ 
jectory  Immediately  after  the  sweep  voltage  Is  removed  can  be  plotted 
(Figure  23),  and  the  final,  transient  time  versus  switching  time  can 
also  be  determined  (Figure  24),  for  all  positive  sweep  speeds. 

w 
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Figure  15.  Time  response  of  the  delay  lock  loop 
with  linear  envelope  detection 
(Infinite  loop  gain),  for  various 
sweep  speeds. 
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Figure  17.  Time  response  of  the  delay  lock  loop  with 
linear  envelope  detection  (normalized 
loop  gain  of  10)»  for  various  sweep 
speeds. 


9 


I 


Figure  18.  Capture  region  for  delay  lock  loop 
with  linear  envelope  detection 
(normalized  loop  gain  of  10), 
with  sweep  voltage  off. 
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Figure  20.  Time  response  of  the  delay  lock  loop 
with  linear  envelope  detection  (nor¬ 
malized  loop  gain  of  10),  for  various 
sweep  voltage  switching  times. 


r 


r 


« 


*/a  (DELAY  ERROR) 


I - 1 


r  ' 


figure  22.  Time  response  of  the  delay  lock  loop 
with  linear  envelope  detection  (nor¬ 
malized  loop  gain  of  10)  for  various 
sweep  voltage  switching  times. 
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«/A»  x  (OELAY  ERROR  AT  SWITCHING  POINT) 


Figure  24.  The  final  transient  time  versus  the  delay 
error  when  the  sweep  voltage  is  switched 
off,  for  the  delay  lock  loop  with  linear 
envelope  detection  (normalized  loop  gain 
of  10). 


The  reason  for  the  discontinuity  in  the  curve  of  Figure  24  when 
x  is  approximately  0.1  is  as  follows.  When  the  sweep  voltage  is 
switched  off  at  a  delay  error  greater  than  0.1a,  an  additional  oscilla¬ 
tion  in  the  response  Is  required  before  the  oscillations  stay  below 
0.01a.  Hence,  at  this  point  the  final  transient  time  is  greatly 
Increased. 

If  calculations  are  made  with  the  final  error  of  0.01A  decreased, 
the  delay  error  at  the  discontinuity  (minimum  final  transient  time) 
approaches  zero.  If  the  final  error  is  Increased,  so  is  the  delay 
error  at  the  discontinuity,  although  only  slightly  for  most  practical 
values  of  final  error  (up  to  about  0.05a). 

Thus,  in  this  section  the  acquisition  trajectory  and  time  response 
of  the  delay  lock  loop  with  linear  envelope  detection  were  determined. 

It  was  seen  that  If  the  sweep  rate  is  greater  than  the  loop  filter  fre¬ 
quency  constant,  a  sweep  voltage  which  Is  turned  off  after  acquisition 
must  be  used  in  the  delay  lock  loop.  Without  noise  the  sweep  voltage 


must  be  turned  off  when  the  timing  offset  magnitude  is  less  than  one 
and  a  half  chips  for  acquisition.  To  ensure  acquisition  with  noise  and 
to  keep  the  final  transient  time  a  minimum,  the  sweep  voltage  should  be 
turned  off  when  the  timing  offset  is  about  one  tenth  of  a  chip. 


D.  Acquisition  With  Noise 

In  Section  C,  in  examining  the  lockup  of  the  delay  lock  loop  with¬ 
out  noise  present,  it  was  determined  that  the  loop  should  lock,  even  in 
the  presence  of  noise,  if  the  sweep  voltage  is  switched  off  near  enough 
to  the  time  when  the  timing  error  is  zero.  To  be  analyzed  in  this 
part,  is  the  circuitry  needed  to  determine  when  the  sweep  should  be 
turned  off.  Also,  after  the  delay  lock  loop  is  tracking  the  code  tim¬ 
ing,  this  circuitry  must  determine  when  the  loop  has  lost  lock  and, 
therefore,  the  sweep  voltage  switched  back  on.  Also,  to  be  determined 
is  the  probability  of  acquisition  with  noise. 

Clearly,  the  sweep  control  must  utilize  some  function  of  the  auto¬ 
correlation  function  of  the  pseudonoise  code.  One  such  function  could 
be  just  the  correlation  of  the  incoming  signal  with  a  locally  generated 
pseudonoise  code  at  the  timing  estimate.  When  the  voltage  out  of  the 
correlation  processor  exceeded  a  certain  value,  the  sweep  would  be 
switched  off.  A  single  correlation,  however,  only  gives  a  positive 
correlation  value  over  a  plus  or  minus  one  chip  timing  offset  interval. 
The  loop  can  achieve  lock  and  track  the  signal  within  a  plus  or  minus 
one  and  a  half  chip  error.  Hence,  the  signal  used  by  the  sweep  control 
circuits  to  determine  whether  the  system  can  lockup,  and,  after  acquisi¬ 
tion,  whether  the  loop  is  still  tracking  properly,  should  have  a  posi¬ 
tive  value  over  this  range.  Such  a  signal  can  be  generated  by  taking 
the  sum  of  the  outputs  of  the  envelope  detectors  in  the  delay  lock  loop 
of  Figure  11.  This  sum  channel,  with  linear  envelope  detection,  has  an 
output,  Ds(x),  given  by 


D$(x)  =  { 


x  +  1.5 

1.0 

1.5  -  x 
0 


-1 .5  <.  x  <  -0.5 
| x |  <_  0.5 
0.5  <  x  <_  1 .5 
el sewhere 


(175) 


Note  that  Ds(x)  is  constant  over  a  range  of  x  from  minus  one  half 
to  plus  one  half.  If  envelope  detectors  with  square  law  detection  had 
been  employed  in  the  delay  lock  loop,  the  sum  channel  output,  D*(x), 
would  be  lower  at  x  equal  to  zero  than  at  plus  or  minus  one-half.  This 
is  undesirable  as  the  output  of  the  sum  channel  would  decrease  near  the 
value  of  delay  error  where  switching  is  desired.  Devices  performing 
the  square  root  operation  on  the  output  of  the  detectors  would  be  re¬ 
quired  to  generate  the  output  function  of  Equation  (175)  in  this  case. 


r 


;  this  complicates  both  the  design  and  the  analysis  of  the  delay  lock 

iop,  linear  envelope  detectors  have  been  considered.  r 

The  use  of  the  output  of  two  channels  for  determining  proper  code 
ckup,  as  compared  to  the  use  of  the  output  of  a  single  correlation 
lannel ,  results  in  more  noise  in  the  output  for  a  given  signal-to- 
ise  ratio.  However,  the  wider  range  in  delay  error  for  which  Ds(x) 
positive  results  in  better  performance  with  noise  present  during  i 

quisition,  as  will  be  seen  later. 

The  delay  lock  loop  with  the  sum  channel  used  by  the  sweep  con- 
ol  circuitry  is  shown  in  Figure  25.  The  sum  of  the  output  of  the 
near  envelope  detectors  is  passed  through  a  low  pass  filter  to  im- 
ove  performance  by  reducing  the  noise.  The  filter  to  be  examined  r 

a  single  pole  (RC)  filter  whose  transfer  function  given  by 

Fs(s)  *  076) 


ere 


s  =  p/p}  (177) 

r 

ere  p1  is  the  sum  channel  filter  frequency  constant,  1/RC. 

The  sweep  control  circuitry  compares  the  output  of  the  filter  to 
given  threshold  voltage.  When  this  threshold  is  exceeded  the  sweep 
Itage  is  switched  off  so  that  the  loop  can  track  the  code  timing, 
en  the  loop  is  tracking,  the  output  of  the  filter  is  compared  to  the  » 

reshold  value.  If  the  output  voltage  falls  below  the  threshold,  loss 
lock  is  assumed,  and  the  sweep  voltage  is  switched  on  so  that  the 
quisition  process  may  be  repeated. 

The  analysis  of  the  delay  lock  loop  during  acquisition  (consider- 
j  the  sweep  control)  Involves  several  parameters.  In  general,  the  , 

le  rate,  data  rate  (which  determines  the  spreading  ratio),  sweep 
»ed,  and  range  in  Input  slgnal-to-nolse  ratio  are  system  parameters 
ch  will  have  been  determined  earlier.  The  value  of  the  acquisition 
'eshold  and  the  bandwidth  of  the  sum  channel  filter  must  then  be 
ermined  based  on  the  performance  criteria  of  the  probability  of  miss 
l  false  alarm.  The  probability  of  miss  Is  the  probability  of  the  , 

ep  voltage  not  being  switched  off  when  the  delay  error  Is  within  the 
ture  range  of  the  delay  lock  loop.  The  probability  of  false  alarm  Is 
probability  of  the  sweep  voltage  being  switched  off  when  the  delay 
or  Is  outside  the  capture  range.  In  the  following  analysis  the 
atlonshlp  of  these  parameters  1$  examined  and  optimum  values  are 
ermined.  , 
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Figure  25.  The  delay  lock  loop  with  linear  envelope 
detection  and  sweep  control  utilizing 
the  sum  channel  voltage. 
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First  to  be  examined  is  the  output  of  the  sum  channel  before 
filtering  without  noise  present.  In  Equation  (174)  this  output  is 
given  as  a  function  of  x,  the  timing  offset.  To  analyze  the  output 
after  filtering  this  output  must  be  given  as  a  function  of  time.  As 
seen  in  Figure  21,  the  change  in  time  offset  with  respect  to  time,  x, 
varies  with  timing  offset,  even  if  the  loop  does  not  lock,  because  the 
difference  channel  output  (D(x ) )  is  present  in  the  loop  at  all  times. 
If  this  channel  were  removed  during  the  sweep  portion  of  the  acquisi¬ 
tion,  the  sweep  rate  would  be  constant  and  the  output  of  the  sum 
channel  as  a  function  of  time  would  be  given  by 


Mt)  =  < 


U-yv1*5 

1.0 

1.5-(t-t0)x$ 


it-tj  <  If 

*r  « (‘-‘o’  i  kr 

s  s 

el sewhere 


(178) 
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where  t  is  the  time  when  x  is  equal  to  minus  one  and  one-half. 

However,  if  the  difference  channel  output  was  removed,  the  loca¬ 
tion  of  the  acquisition  trajectory  at  the  end  of  the  sweep  (see  Figure 
23)  would  always  be  along  the  x  axis.  This  is  not  as  close  to  the 
center  of  the  capture  region  of  the  loop,  and,  thus,  the  probability 
of  not  acquiring  the  signal  with  noise  present  would  be  increased. 

Also,  since  x  is  zero  at  the  end  of  the  sweep,  the  final  transient  time 
is  increased.  Therefore,  the  system  was  designed  so  that  the  differ¬ 
ence  channel  output  is  always  present  in  the  loop,  and,  therefore,  its 
effect  on  the  sum  channel  output  must  be  considered. 

With  the  difference  channel  output  in  the  loop,  the  output  of  the 
sum  channel  as  a  function  of  time  can  be  computed  by  combining  the  re¬ 
sults  of  Section  C  with  Equation  (175).  In  Figure  26  the  output  of  the 
sum  channel  is  shown  for  various  normalized  sweep  speeds,  xs.  Note 
that  the  time  has  been  normalized  to  the  sweep  speed  so  that  a  compari¬ 
son  to  Equation  (178)  can  be  made.  From  Figure  26  it  is  seen  that  as 
the  sweep  rate  is  increased,  the  output  of  the  sum  channel  approaches 
that  of  Equation  (178).  Since  in  most  systems. 


xs  >  10  ,  (179) 


the  output  of  the  sum  channel  will  be  assumed  to  be  given  by  Equation 
(178)  in  this  analysis. 

Next  to  be  examined  is  the  sum  channel  output  before  filtering 
with  noise  present.  The  noise  considered  consists  of  both  received 
thermal  noise  and  the  self  noise  generated  In  the  loop.  This  self  noise 
is  due  to  timing  *cor  and  other  undesired  signal  components.  The  noise 
is  assumed  to  be  white  Gaussian  noise  with  single  sided  power  spectral 
density  of  N0. 

The  signal  power  out  of  the  bandpass  filler  In  each  delay  lock  l^op 
channel  is  dependent  on  the  timing  offset  between  the  received  signal 
and  the  coded  signal  with  which  it  Is  mixed  in  that  channel,  pSi  ,  inhere 
1  is  one  for  the  top  or  delayed  channel  in  Figure  25  and  two  for  the 
bottom  or  advanced  channel,  is  given  by 


(x) 


'  o 

p$(x+o.5r 

Ps(1.5-x)2 


-0.5  <_  x  <_  0.5 
0.5  <  x  <  1.5 


(180) 
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elsewhere 
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Figure  26.  Sum  channel  output  before  filtering  for 
the  delay  lock  loop  with  linear  envelope 
detection  (normalized  loop  gain  of  10) 
versus  time  for  various  sweep  speeds. 


Ps(x+1.5)‘ 

ps2(x)  =  '  ps(°-5-*)J 


-1.5  £  x  <_  -0.5 
-0.5  <  x  <  0.5 


el sewhere 


(181) 


where  Ps  Is  the  power  In  the  signal  out  of  the  filter  when  there  is 
no  timing  error  in  the  channel . 

Note  that  with  a  four-phase  signal  Ps  Is  only  half  of  the  power  Into 
the  filter  with  no  timing  error  because  the  long  code  biphase  portion 
of  the  signal ,  when  mixed  with  the  short  coded  signal,  does  not  pass 
through  the  filter. 


1 


As  shown  before,  if  Equation  (179)  is  true,  p  (t)  may  be  obtain¬ 
ed  by  using  the  relation  given  by  si 


x  -  (t-t0)i$  (182) 


in  Equations  (180)  and  (181). 

When  the  signal  plus  noise  is  passed  through  the  bandpass  filter 
of  bandwidth  Bjp,  with  no  timing  offset  in  the  channel,  the  signal -to- 
noise  ratio  out  of  the  filter  is  given  by 


The  signal -to-noise  ratio  in  the  ith  channel  for  any  timing  off¬ 
set  is  then  given  by 


(184) 


The  output  of  the  linear  envelope  detector  is  described  by  its 
mean  and  power  spectral  density.  To  determine  the  mean  value  of  the 
output,  first  consider  the  linear  rectifier,  described  by 

[° 


V 


out 


(185) 


V 


>  0 


where  V^n  is  the  input  voltage  and  V0ut  is  the  output  voltage.  From 
[16]  the  expected  value  of  the  output  voltage  is  given  by 


(186) 


where  , F , ( * )  is  the  confluent  hypergeometric  series  given  by 


(187) 


where 
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a(a+l) 
>  1 


(a+j-1 ) 


j  1  1 
j  -  0 


For  the  linear  envelope  detector  described  by 

Lv. 


out 


'in 

Vin 


''ini0 

V1n>0 


the  expected  value  of  the  output  can  easily  be  shown  to  be 
of  Equation  (186),  or 


«  V  ■  2 


For  the  linear  rectifier,  the  power  spectral  density 
tion  of  frequency,  f,  of  the  output  is  given  by  [16] 

(  2h2,N0/2  ♦  h22BiF(N0/2)2  J  (2-f/(B,f/2)) 

for  0  <  f  <,  BjF/2 

Wc(f)  h02BIF(No/2)2  l  (2-f/ (Bjp/2) ) 

for  Bjp/2  <  f  <_  B 


-  u] 


el sewhere 


where 


hn  ■  1  p?1)  (?;  21  -  f|t) 

h02  ■  (2.N0Bif/2)-1/2  Is  -  f  J 


and 


For  the  linear  envelope  detector  [17], 


hii  *  2hn 


(188) 

(189) 

twice  that 

(190) 

as  a  func- 

(191) 

F 

(192) 

(193) 

(194) 


A 


and 


-  2hg2  >  (195) 

and  the  power  spectral  density  may  be  easily  determined. 

Equations  (190)  and  (191)  give  values  based  on  a  constant  S/N J  -j . 
However,  and,  thus,  S/N|-j  vary  with  time  during  acquisition.  From 
Equation  (151)  the  sweep  rate  can  be  expressed  in  the  form  given  by 

k 

Sweep  rate  *  •  data  rate  ,  (196) 

where  k  is  the  spreading  ratio.  In  most  spread  spectrum  systems,  the 
spreading  ratio  is  much  smaller  than  the  code  length,  i.e., 

•  k/N*  «  1  .  (197) 


When  Equation  (197)  holds 


Bjp  =  data  rate  »  Sweep  rate. 


(198) 


and  the  mean  and  power  spectral  density  equations  are  valid  at  a  given 
time  even  though  their  values  are  changing  with  time. 

Equation  (190)  may  now  be  written  in  the  form 


I 


p,  (t) 


(199) 


where  Ps.,(t)  is  given  by  Equations  (180)  and  (181)  with  Equation  (182). 
Thus,  the  mean  of  the  output  of  the  filter  for  one  channel  is  given  by 

u^t)  =  F_1  { F{ ( E[ Vout] ,t | f  1xed ) }  •  Fs(ju>)}  (200) 

where  F{*}  is  the  Fourier  transform,  F"^{*}  Is  the  inverse  Fourier 
transform,  and  Fs(jw)  is  the  sum  channel  filter  transfer  function  of 
Equation  (184)  with  ju  substituted  for  p.  Because  the  sum  channel  is 
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linear,  the  output  of  the  filter  can  be  considered  as  the  sum  of  the 
outputs  for  each  channel.  The  mean  value  of  the  output  of  the  filter 
is  then  given  by 


p(t)  =  p-j  ( t )  + 


(201) 


The  bandwidth  of  the  sum  channel  filter,  Bn,  is  given  by 


1 

4RC 


(202) 


(203) 


(204) 


Because  Bn  is  usually  on  the  order  of  the  sweep  rate,  from  Equation 
(198)  it  can  be  assumed  that 


Bn  «  BiF  .  (205) 

Therefore,  the  power  spectral  density  of  the  output  of  the  filter 
for  one  channel  can  be  approximated  by 


i 

Wc(f)  . 


8hf,(N0/2)  *  4hj;2BIF(N0/2)2  •  1 

for  0  <  f  <  Bn 
0  el sewhere 


(206) 


The  probability  density  function  of  the  voltage  out  of  the 
envelope  detector  Is  Rician.  However,  with  the  assumption  of  Equation 
(205)  the  filter  output  can  be  considered  to  have  a  Gaussian  density. 
The  variance  of  the  filter  output  for  one  channel  is  then  given  by 
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’?  •  C  Wc<f>df 


(207) 


or  from  Equation  (206) 

-  [8  h2l(N0/2)  *  2  h|2  Bif(N0/2)2J  Bn  .  ( 

As  the  variance  is  a  function  of  time,  this  may  be  rewritten  as 

2  Bn  T  Psl(t)  2(t  S  F’si<t,'\ 

°i(t) ■  *  -p^—  -f-8(4*  -  l)IF  -Jr) 


(208) 


/  ps  (tK 

+  '  F  2/L  |.  .  S  2i _ ) 

I  •  '  V2'  "if  h  J 

"  IF 


.  (209) 


Because  the  noise  in  each  channel  can  be  assumed  to  be  independent,  the 
variance  of  the  output  of  the  sum  filter  is  given  by 


o2(t)  -  o2(t)  +  o2(t) 


(210) 


With  the  mean  and  variance  of  the  filter  output,  z(t).  known,  the 
probability  of  false  alarm  and  miss  for  a  given  acquisition  threshold, 
zacq»  can  be  determined.  The  probability  of  false  alarm  is  given  by 


i  wyt)  •  ps2(t) 


(211) 


Zacq  ^2iro 


- 

leA 


(212) 


_  1  2  [ 
"  2  •  77  J 


(h«Ll) 

\ 
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or,  using  the  complementary  error  function, 


where  (with  PSl-(t)  =  0  in  Equations  (201)  and  (210)) 

-Mr* 

and 


(214) 


(215) 


(216) 


The  probability  of  miss,  which  is  a  function  of  timing  offset 
(or  time  as  related  by  Equation  (182))  is  then  given  by 


Pm1ss<t>  ■  Pr(z<t>  <  WPs,(t>  *  0  0r  Ps2(t>  *  °>  <217> 

or 

(z-g(t))2 

W‘>  ■  fc'  sgur  •  20  (t)  dz  (z,8> 

or 

p»i«<t>  3  \  erfc  (2,9) 

where  y(t)  and  o(t)  are  given  in  Equations  (201)  and  (210),  respective- 


Equations  (214)  and  (219)  can  be  solved  by  using  numerical 
analysis  on  a  computer.  The  following  approximations  from  asymptotic 
expansions  were  used  in  solving  these  equations. 

For  the  confluent  hypergeometric  series  with  x  >  7  (from  [18]) 
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F, 


(220) 
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/  A7 

L  4xJ 

\  _  1 
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L  4xJ 

(221) 


(222) 


For  the  complementary  error  function  (from  [18]) 


erfc(x)  = 


.  n  (2j-l ) 

1  +  l  3=— 2  ■  (-1)1 

i=l  (2xZ) 1 


2_  * 

^  1=1  (2i-l )  n  (j-1) 
j=2 


0<x<2 


-  erfc(-x) 


,  (223) 


where  i  is  chosen  so  to  terminate  the  series  when  the  terms  begin  to 
increase  in  absolute  value. 

To  determine  the  acquisition  threshold  for  a  given  Pfa  or  Pmiss 
the  method  of  bisection  [1?]  was  used  to  find  the  inverse  of  the  com¬ 
plementary  error  function. 

The  results  of  the  computer  analysis  can  be  examined  now.  How¬ 
ever,  an  interpretation  of  the  meaning  of  the  various  parameters  in¬ 
volved  will  be  made  first. 

Note  that  since  is  a  common  factor  to  both  the  mean  and  vari¬ 
ance,  results  obtained  will  be  independent  of  P$  and  depend  only  on  the 
signal -to-noise  ratio,  as  expected. 

Pfa,  as  given  in  Equation  (214),  is,  as  stated  before,  the  proba¬ 
bility  that  z(t)  will  exceed  zacQ  when  the  delay  error  is  outside  plus 
or  minus  1.5a  at  any  given  time.  Because  z(t)  is  passed  through  a 
filter  of  time  constant,  tc,  given  by 


(224) 


0 


r 


the  Pfa  for  a  given  period  of  time  during  acquisition  is  approximately 


wic  rfa 

given  B, 


Pfa^l  1 1  <_  t2)  *  Pffl(from  Equation  (214))  *  — - 


(t2-t] ) 


(225) 


If  a  false  alarm  occurs,  it  should  take  a  period  of  time  approxi¬ 
mately  equal  to  the  time  constant  before  z(t)  falls  below  Zacq  caus¬ 
ing  the  sweep  voltage  to  be  switched  on  again.  Thus,  the  expected  value 
of  the  proportional  increase  in  acquisition  time  for  a  given  Pfa  is 
approximately  the  Pfa  given  in  Equation  (214). 

pmiss*  on  the  other  hand,  varies  with  timing  offset  and  will  take 
on  different  values  over  the  range  of  timing  error  from  minus  1.5a  to 
plus  1.5a.  However,  if  it  assumed  that 


(226) 


then  Pmiss  for  each  sweep  past  the  correct  timing  offset  is  simply  the 
maximum  value  of  Pmi-ss  over  the  range  of  timing  error. 

At  this  point  the  optimum  value  of  the  sum  channel  filter  band¬ 
width,  Bn,  (as  related  to  fs)  can  be  determined  using  computer  analysis. 
Optimum  value  In  this  case  means  that  value  for  which  the  probability 
density  functions  of  the  sum  channel  output  amplitude  with  and  without 
signal  present  have  the  greatest  separation.  In  other  words,  it  is  the 
value  of  Bn  that,  for  a  given  value  of  Pmiss»  yields  minimum  Pfa  and 
vice  versa  (if  Pm-jss  and  Pfa  are  less  than  0.5).  Analysis  has  shown 
that  the  optimum  value  of  Bn  is  given  by 


=  0.53  f 


(227) 


and  that  the  maximum  value  of  PmiSS  occurs  at  the  time  when  the  timing 
offset  is  0.1  A,  or 


miSS  e-O.lA 


(228) 


These  values  are  independent  of  other  parameters  involved  (such 
as  S/N I jp)  to  the  accuracy  shown  here.  Note  that  Equation  (227) 
verifies  that  the  assumption  of  Equation  (226)  is  true.  Also,  Equation 
(228)  means  that  if  the  sweep  voltage  Is  switched  off  during  the  time 
when  code  acquisition  can  occur.  It  will  be  switched  off  at  or  before 
a  timing  error  of  0.1  A  as  desired  from  Section  C. 


f 


r 


The  parameters  of  interest  left  to  examine  are  Brp,  f- ,  and 
S/N )  jF *  From  Equations  (196)  and  (198), 


ff  1  (data  rate)  • 


BIF  i  N* 


(229) 


(230) 


where  k  is  the  spreading  ratio.  Therefore,  the  results  (Pfa,  Pmiss» 
and  zacq)  to  be  presented  will  be  given  as  functions  of  N'/k  and 
S/N  j if. 

In  Figure  27  a  comparison  has  been  made  of  the  performance  of  a 
digital  acquisition  method  described  in  [6,pp.  588-592]  and  the  analog 
method  described  In  this  section.  Since  the  two  methods  are  completely 
different,  a  comparison  can  only  be  made  based  on  similar  acquisition 
times  and  data  rates  (not  on  similar  Bn's  and  fc's).  Figure  2/  >ows 
that  approximately  3.5  dB  higher  S/N | IF  Is  required  by  the  analog  method 
to  obtain  the  same  Pmiss  f°r  a  9^ven  Pfa.  Part  of  this  difference  may 
be  due  to  the  use  of  the  sum  of  two  channels  (and,  thus,  twice  the  noise 
level)  for  the  analog  method  as  compared  to  one  channel  in  the  digital 
case.  However,  not  enough  Information  Is  provided  In  [6]  to  be  able 
to  verify  their  results. 


digital 

METHOD 


ANALOG 
METHOD ' 


DIGITAL 


0.3}-  [6.  p.392] 


T„,  B|F-2N'T,  Bif>45N' 
ANALOG 

Toe,  B1F."/.iBIF*45N’ 
or  *iyj(  *  43 


P.  ■  0.005 


Figure  27.  Comparison  of  the  performance  of  a  digital 
acquisition  method  [6, Fig.  18-34]  and  the 
analog  method  of  Chapter  VI,  for  a  given 
Pfa  and  racqBIF. 
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The  results  presented  in  [6,p.  592]  are  given  for  a  low  Pfa  and 
a  rather  high  Pmiss*  °f  interest  in  a  radar  problem.  In  the 

application  discussed  in  this  paper,  the  opposite  is  true.  As  shown 
before,  a  fairly  high  P*a  (say  0.1)  only  increases  the  acquisition  time 
by  the  same  proportion  {l0%  in  this  case).  Hence,  a  rather  high  Pfa  can 
be  tolerated.  A  miss  causes  the  acquisition  time  to  double,  however. 

In  a  jammer  environment,  this  additional  delay  may  be  enough  to  cause 
the  adaptive  array  not  to  be  able  to  acquire  the  desired  signal  at  all. 
Thus,  Pnjiss  must  be  kept  very  low  (actual  values  would  be  based  on  the 
required  reliability  of  the  system). 

In  Figure  28  the  Pfa  is  plotted  versus  S/N I  if  for  a  given  Pmiss 
with  several  values  of  N'/k.  These  curves  can  be  used  to  determine  the 
performance  of  a  given  system.  Since  Zacq  varies  in  these  curves,  the 
acquisition  threshold,  as  given  in  Figure  29,  for  the  worst  case  can 
be  used  in  a  system  to  assure  performance  better  than  or  equal  to  that 
of  the  worst  case. 

Thus,  in  this  section  the  use  of  the  sum  channel  voltage  in  deter¬ 
mining  when  to  turn  off  the  sweep  voltage  has  been  described.  Equations 
were  derived  and  results  plotted  for  the  probability  of  acquisition  with 
given  threshold  levels  versus  signal -to-noise  ratio  in  the  delay  lock 
loop  for  given  short  code  lengths  and  spreading  ratios. 


nX  .  so  \ 

^  V' 


P  ■  0.02 


Figure  28.  The  probability  of  false  alarm  versus 
S/N | if  for  several  values  of  N'/k, 
for  acquisition  of  the  delay  lock 
loop  of  Figure  25. 
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Figure  29.  Normalized  acquisition  threshold  versus 
S/N I  ip  for  several  values  of  N'/k 
corresponding  to  Figure  28. 
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CHAPTER  VII 


TRACKING  OF  THE  CODES  BY  THE 
DELAY  LOCK  LOOP 


A.  Introduction 


After  acquisition  of  the  short  code  timing,  the  delay  lock  loop 
tracks  the  short  code  timing  during  the  acquisition  of  the  long  code 
timing.  After  acquisition  of  the  long  code  timing,  the  delay  lock  loop 
then  tracks  the  long  code  timing.  Because  the  short  code  timing  Is 
used  In  the  long  code  acquisition  process  as  discussed  In  Chapter  V, 
any  tracking  error  of  the  short  code  will  affect  the  long  code  acquisi¬ 
tion  time  (see  Chapter  VIII).  The  tracking  error  of  the  delay  lock  loop 
Is  discussed  In  this  chapter. 

In  the  delay  lock  loop,  noise  Is  generated  by  the  signals  Irj  the 
loop  even  If  noise  Is  not  present  with  the  received  signal.  This  gener¬ 
ated  noise  Is  called  self  noise  and  Is  examined  In  Section  B.  In 
Section  B  the  self  noise  In  each  channel  (advanced  and  delayed  code 
channels)  Is  determined.  The  self  noise  out  of  the  sum  filter  Is  cal¬ 
culated  and  the  effect  Is  discussed  of  this  noise  on  the  short  code 
acquisition  procedure.  The  self  noise  out  of  the  difference  (loop) 
filter  Is  then  determined  and  the  effect  Is  discussed  of  this  noise  on 
the  tracking  error  of  the  delay  lock  loop. 

In  Section  C  the  tracking  jitter  of  the  delay  lock  loop  with 
noise  present  on  the  received  signal  Is  discussed.  Results  are  obtained 
on  what  effect  noise  and  loop  bandwidth  have  on  the  tracking  jitter. 


B.  Self  Noise 

In  order  to  determine  the  tracking  performance  of  the  delay  lock 
loop,  the  self  noise  In  the  loop  must  first  be  examined.  Self  noise  Is 
defined  as  the  signal  components,  other  than  the  desired,  which  are 
generated  when  the  coded  biphase  signal  generated  In  the  delay  lock  loop 
Is  mixed  with  the  received  four-phase  signal  (see  Figure  25).  In  this 
section  the  power  spectral  density  of  the  self  noise  In  each  channel  of 
the  deley  lock  loop  Is  first  determined.  The  cross-correlation  of  the 
self  noise  between  the  channels  Is  then  examined.  The  self  noise  out  of 
the  sum  and  difference  filters  Is  then  calculated  and  expressions  are 


derived  relating  the  signal -to-nolse  ratio  In  each  channel  to  the  re¬ 
ceived  signal -to-nolse  ratio. 

In  the  analysis  of  this  section  the  presence  of  data  on  the  four- 
phase  signal  has  not  been  considered.  Although  data  modulation  will  be 
present  with  one  code  on  the  signal  In  the  four-phase  system.  It  will 
not  be  significantly  affected  by  the  narrow  bandpass  filter  In  each 
channel.  It  can  be  shown  that  with  the  bandwidth  of  the  bandpass  filter 
on  the  order  of  the  data  modulation  rate,  the  desired  component  output 
of  this  filter  will  be  reduced  by  only  twenty  percent  when  data  modula¬ 
tion  Is  present.  Data  modulation  has.  therefore,  not  been  considered 
as  being  present  with  either  code  on  the  four-phase  signal,  so  that  the 
self  noise  equations  In  this  section  are  valid  for  the  delay  lock  loop 
tracking  of  either  the  long  or  the  short  code  timing. 

The  four-phase  signal  without  data  Is  given  by  Equation  (19).  or 


sf(t)  s1n(«.|t  +  e(t))  ♦ypjf  cosUjt  +  ♦(t))  .  (231) 


where  Pr  Is  the  power  In  the  received  signal. 

The  biphase  signal  that  Is  mixed  with  the  four-phase  signal  In  one 
channel  of  the  delay  lock  loop  Is  given  by 


Sb(t)  *  J 2Pb  Sln(<i»2(t+e)  +  fl(t+e)  +  *)  (232) 


where  Pk  Is  the  biphase  signal  power  and  e  Is  the  timing  error  between 
the  biphase  and  the  received  four-phase  signal  In  one  channel.  The 
output  of  the  mixer  Is  then  given  by 


Sout(t)  *  sr(t)sb(t)  {233) 


or,  considering  only  the  lower  frequency  components. 


Sout(t)  [cosUjt  -  u>2(t+c)  -  e(t+e)  +  e(t)  -  ♦) 


-  s1n(«*jt  -  tt2(t+e)  -  e(t+e)  +  #(t)  -  ♦)]  ,  (234) 


where  2PS  Is  the  signal  power  In  one  channel  of  the  delay  lock  loop. 
Equation  (234)  may  be  expressed  as 
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Sout(t)  B  [costU,  -  0>2)t  -  u>2e  -  *)  •  cos(e(t)  -  e(t-e)) 


-  sin ( (a>i  -  a»2)t  -  a>2e  -  $)  •  COS($(t)  -  0(t+e))] 

(235) 


Note  that  If  e*0,  the  desired  signal  component  is  72PS  cos( (u, -<*),) t  -  <|i), 
a  CW  signal.  c 

To  determine  the  power  spectral  density  of  the  self  noise  In  each 
channel  from  Equation  (235)  It  Is  first  necessary  to  consider  the  power 
spectral  density  of  each  of  the  baseband  self  noise  components,  cos(e(t) 
-e(t-e))  and  cos($(t)-o(t+e)).  These  two  components  are  the  results  of 
the  mixing  of  the  coded  biphase  signal  generated  by  the  delay  lock  loop 
with  the  biphase  component  of  the  four-phase  signal  with  the  same  code 
as  that  being  tracked  and  with  the  biphase  component  of  the  four-phase 
signal  with  the  different  code,  respectively.  Since  two  different  codes 
are  Involved,  the  two  signal  components  of  Equation  (235)  are  not  only 
orthogonal,  but  they  are  also  uncorrelated.  Thus,  the  power  spectral 
density  of  SQ u*(t)  may  be  considered  as  the  sum  of  the  power  spectral 
density  of  eacn  orthogonal  signal. 

First  to  be  examined  Is  the  baseband  signal  formed  by  the  mixing 
of  the  biphase  signals  with  different  codes,  cos(*(t)-e(t+e)).  Because 
there  Is  no  desired  signal  component  In  this  signal,  the  entire  signal 
Is  self  noise.  The  baseband  signal,  cos(*(t)-e(t+e))  Is  a  pseudorandom 
sequence  of  l's  and  0's  whose  symbol  duration  Is  alternately  |cj|  and 
A-lcjf,  where 


C1 


L 

■  e  -  mA 


m  ■  0,  ±1,  ••• 


(236a) 


and 


l«]l  <  A/2 


(236b) 


The  pseudorandom  sequence  has  a  length  on  the  order  of  the  pro¬ 
duct  of  the  lengths  of  the  long  and  short  codes,  and,  hence.  Is  very 
long.  It  can,  therefore,  be  assumed  that  the  sequence  has  Infinite 
length  (1.e.,1t  Is  a  truly  random  sequence)  with  a  negligible  effect 
on  the  results.  The  autocorrelation  function  of  this  sequence  can  be 
calculated  to  be  given  by 
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237 


The  power  spectral  density  of  the  self  noise  component  from  the  product 
of  the  two  differently  coded  biphase  signals  In  one  channel  Is,  there¬ 
fore,  given  by 

•«,  -r  <V'-V  +  r  «i<f+fo>  <2M> 

where 


fQ  -  (okj  -  »2)/2ir  .  (245) 


The  other  baseband  signal  to  be  examined  Is  the  signal  formed  by 
the  mixing  of  the  biphase  signals  with  the  same  codes,  cos(e(t)-e(t*e)) 
Three  possible  ranges  for  e  may  be  considered  for  this  signal. 


|e|  <  A/2 

• 

(246) 

M  <  A 

• 

(247) 

and 


|e|  >  A 


(248) 


With  |e|<A/2,  the  baseband  signal  has  a  value  of  +1 ,  except  for 
-1  pulses  or  width  |el  which  occur  with  a  probability  of  about  one-half 
at  every  chip  Interval.  When  the  long  code  is  Involved,  the  occurrence 
of  these  pulses  may  be  assumed  to  be  completely  random,  with  a  neglig¬ 
ible  effect  on  the  results.  In  this  case,  the  autocorrelation  function 
Is  given  by 


R(t) 


1  - 


1  - 


2lxl 

A 

lel+lx-mAl 

A 


k  1 


2 1  e  I 


M  <  |e| 

mA-|e|  <  t  <  mA+’|e|  .  (249) 

form»±l,±2,  ••• 
el sewhere 


The  autocorrelation  function  may  be  rewritten  as 


R-j(t)  +  ^(t)  +  R3(t) 


where 


R2(t) 


(250) 


i  .  iUi 

for  all  t  , 

(251) 

IlLiIlL 

A 

M  <  Id 

A 

(252) 

0 

el sewhere 

"sW  ■  4 


|eJ-|THBA|  bia- | e j  <_  t  <  mA+|e|  for  m=0,±1 ,±2, •  •• 
0  el sewhere 


The  Fourier  transform  of  R^x)  and  R^x)  Is  given  by 
FtR^x)}  -  (l  -  a(f) 


(253) 


(254) 


FIRgU)}  -  s1nc2(wf|e|)  .  (255) 

Since  Rj(x)  Is  a  periodic  function*  Its  Fourier  transform  Is  given  by 

F{R3<T)>  »  cn  «^f  -  (256) 

where  cn  is  the  nth  component  In  the  Fourier  series  of  R3(x).  Thus, 

•  (W) 


A  A  •% 


vvvAVV 


2  °° 

FCR3(t)}  -  -IfL-  l  Slnc2(trf|e|)  6(f-n/A)  .  (258) 

na—> 

Therefore,  the  power  spectral  density  of  the  baseband  signal  Is  given 
by 


6(f)  - 


+ 


(i  -2M)«(f)  +  klis1ne2(,f|E|) 

0$)  l  Slnc2(nf|e|)  «(f-n/4)  . 

n*-« 


(259) 


The  desired  signal  component  Is  the  6(f)  term,  given  by 

(’-¥-)♦  (¥-)2  ■  0  -  ¥)2  •  <*«» 

Thus,  the  dc  component  Is  just  1  -  ,  as  expected. 

The  baseband  self  noise  power  spectral  density  Is,  therefore, 
given  by 

2 

®2<f>  ■  4  s<"c2<*f|t|) 

j  s1ncZ(.f|e|)  4(f-n/4)  .  (261) 

nj*0 


The  power  spectral  density  of  the  self  noise  component  from  the 
product  of  the  two  Identically  coded  biphase  signals  In  one  channel  Is 
(for  | e |  <  a/2)  given  by 

6sn2a  r  G2(f'V  +  T’  ®2(f+V  *  (262) 

where  fQ  Is  given  In  Equation  (245). 

When  the  short  code  Is  Involved  In  the  calculation  of  the  power 
spectral  density  of  the  baseband  self  noise  component  with  the  same 
codes,  the  fact  that  the  pseudorandom  sequence  has  finite  length  must  b 
considered.  In  this  case,  the  -1  pulses  In  the  baseband  signal  are 
pseudorandom  with  a  period  corresponding  to  the  code  length,  N. 
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If  the  short  code  Isa  pseudonoise  code  with  Its  well  defined 
autocorrelation  function,  the  self  noise  power  spectral  density  may 
easily  be  determined.  In  this  case.  It  can  be  shown  that  the  auto¬ 
correlation  function  of  the  baseband  component  Is  given  by 


R(t) 


'  1  -  ,  *NA-|e|  <  t  <  *NA+|e| 

for  t=0,  ±1,  ±2,  ••• 

<  1  -  (nr)  mA.|e)  <  T  <  mA+ 1 e | 

m  =  ±1,  ±2,  ••• 

m  f  £N 

el sewhere 


(263) 


This  may  be  rewritten  as 


R(t)  =  ^(t)  +  R2(t)  +  Rj(t) 


where 


R-j  (t) 


R2(t) 


f^N+lj  UI-k-tNAl 


\  0 


(264) 


for  all  t  ,  (265) 


fcNA- | e |  <  t  <  1NA+ | e | 

i=0,  ±1,  ±2,  ••• 

elsewhere  (266) 


r 


» 


and 


f(sS1)kHFM 


*  0 


mA-|E|  <  t  <  itia+|e| 
m*0,  ±1,  ±2,  ••• 

elsewhere  (267) 


The  Fourier  transform  of  these  components  Is  given  by 
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i 


and 


F{r2(t)}  *  (Ijp)  JL  s1nc2(*flet)  5(f  "  8a)  * 

F{R3(t)>  =  (^jf)  Qjff  J  Slnc^(irf  |e| )  &{f  -  . 

Therefore,  the  power  spectral  density  of  the  baseband  signal 
by 

G(f>  -  (i  -  Kir)  ¥)  5<f> 

+  (Jr-)  (¥)  „L s1nc2(,,f|e|)  s(f  *  Sr) 

♦  (t)  (¥f  J__  s1nc2(»fM)  «(f  -  £)  . 

The  desired  component  Is  the  6(f)  term,  given  by 

0 -*«•)¥)♦( fX¥f  ♦(¥)(¥? 

■M¥)¥)2 


(269) 

(270) 
is  given 


(271) 

(272) 


The  self  noise  baseband  power  spectral  density  Is,  therefore,  given  by 


In  comparing  this  result  with  Equation  (261 )»  note  that  the  con¬ 
tinuous  spectrum  has  become  a  line  spectrum.  As  N  approaches  Infinity 
Equation  (273)  will,  of  course,  approach  Equation  (261).  Because  in 
most  cases  N  will  be  on  the  order  of  100  or  greater,  the  difference 
between  using  Equations  (261)  and  (273)  In  any  analysis  will  be  negli¬ 
gible.  Thus,  the  self  noise  power  density  spectrum  of  Equation  (261) 
and  the  assumption  of  a  truly  random  code  will  be  employed  In  the 
remainder  of  this  section. 

With  A/2<_| c J <A,  the  baseband  signal  again  has  a  value  of  +1, 
except  for  -1  pulses  of  width  |e|  which  occur  with  a  probability  of 
about  one-half  at  every  chip  Interval.  In  this  case,  with  the  assump¬ 
tion  of  a  random  code,  the  autocorrelation  function  Is  given  by 


R(t) 


a 

i  le|+lT-ma| 
1  "  A 


'0 


|t|  <  A-|e| 

|e|  1  M  <  A-|e| 

(m-l)A+|e|  <  M  <  (m+l)A-|e| 

for  m  *  ±1 ,  ±2,  ••• 
elsewhere  .  (274) 


The  autocorrelation  function  may  be  rewritten  a- 


R(t)  s  R-|(t)  +  R2(t) 


(275) 


where 


R^t)  = 


el sewhere 


(276) 


and 


R2(t)  = 


I' 


I  e  I  I  t  -ITtA  | 
A 


0 


(m-l)A  <_  1 1 1  <  (m+l)A-|e| 
for  m«0,  ±1 ,  ±2,  ••• 

elsewhere  •  (277) 
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The  Fourier  transform  of  these  components  Is  given  by 


4 


FIR^t)}  = 


sine2 (wf | e | ) 


(278) 


and 


2  °° 

m2ix)]S{^)  J  sinc2(irf(A-|e|))  fi(f  -  jj)  .  (279) 

Therefore,  the  power  spectral  density  of  the  baseband  signal  is 
given  by 


2 

G(f)  =  i|J_sinc2(1rf|e|) 


+  (  )  nL  sinc2(TTf(A-|e|))  “  j)  •  (280) 

The  desired  signal  component  is  the  6(f)  term,  (a-|e|/a)  ,  and,  thus, 
the  baseband  power  spectral  density  of  the  self  noise  is  given  by 

2 

G4(f)  *  Slnc2(irf  |  e  |  ) 

2 

+  f4^)  E  sinc2(»f(4-UD)  «(f  -  j)  •  (281) 

'  “  '  n=-«  '  °  * 

n^O 

The  power  spectral  density  of  the  self  noise  from  the  product  of  the 
two  Identically  coded  biphase  signals  Is  (for  a/2<_| e | <a) 

Ssn4<f!  '  r  s4(f'V  +  r  <VftV  •  (282> 

When  |e|>A,  the  baseband  signal  will  have  the  same  characteris¬ 
tics  as  In  the~case  where  the  two  mixed  biphase  signals  have  different 
codes.  Thus,  the  power  spectral  density  of  the  baseband  self  noise 
component  from  the  product  of  two  Identically  coded  biphase  signals 
with  |c|>A  Is  given  by  Equation  (244).  The  results  obtained  In  this 
section  so  far  are  suimiarlzed  In  Table  3.  From  these  results  It  can 
be  seen  that  the  self  noise  generated  by  the  mixing  of  two  different 
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Table  3 


Power  Spectral  Densities  for  the  Self  Noise  Components 
In  Each  Delay  Lock  Loop  Channel 


Type  of  Component 

Power  Spectral  Density 

Self  noise  component  produced 
from  the  product  of  the  bi¬ 
phase  coded  signal  in  the 
delay  lock  loop  and  the  four- 
phase  signal  component  with 
a  different  code 

%  (,)"r®i(f‘fo)+r-si(f+fo) 

n> 

Wher'  (A-U,l)2  , 

e,(f)-  -T-  sine  (irf (A- 1  | )) 

|eJ2  2 

+  — 1—  sincZ(irf|e.|  | ) 

where  e^=e-ma,  m=0,±l,***  and 
|ei|<A/2 

i  ■  i 

Self  noise  component  produced 
from  the  product  of  the  bi¬ 
phase  coded  signal  in  the 
delay  lock  loop  and  the  four- 
phase  signal  component  with 
the  same  code 

6s  (f)s5“®2(f‘fo^+?“62^f+fo^ 
n2 

where  ,  9 

Go(f),  ie]_.  SincZ(irf  |e| ) 

2'  7  A 

*  (‘^2nI..sinc2(irf*e*)  s(f  ’ 

n7°  for  |e|<A/2 

sinc^(irf|e|) 

l  Sinc2(irf(A-|ei)) 

\  A  /  n=-  .  /f  _  n\ 

n»*0  a  J 

for  A/2< 1 e 1 <A 

(Me,!)2  2 

02(f)  ■  —r~  SincZ(irf(A-|e1|)) 
it, l2  , 

+  — ^ — Slnc^(irf|e1 1)  for  |e|>A 
where  ei*e-mA,m*±l ,±2,**  and 

1 el I 
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codes  has  a  power  spectral  density  whose  bandwidth  and  amplitude 
changes  with  timing  error.  The  self  noise  power  remains  constant 
(equal  to  Ps),  however,  and,  therefore,  as  the  magnitude  of  the  power 
spectral  density  increases,  the  bandwidth  decreases,  and  vice  versa. 

The  self  noise  generated  by  the  mixing  of  the  two  identically  coded 
signals  has  a  power  density  spectrum  whose  magnitude  increases  and 
bandwidth  decreases  with  increasing  timing  error  for  | e | <A.  The  power 
in  the  self  noise  increases  with  timing  error  in  this  case,  from  0  to 
Ps  for  | £ |  equal  to  A. 

In  the  delay  lock  loop,  the  self  noise  passes  through  a  narrow 
bandpass  filter  (see  Figure  25).  Now,  the  self  noise  spectrum  has  a 
bandwidth  greater  than  or  equal  to  the  code  rate  (see  Table  3).  On 
the  other  hand,  the  narrow  bandpass  filter  has  a  bandwidth  on  the  order 
of  the  data  rate.  For  a  large  spreading  ratio,  that  is. 


k  »  1 


(283) 


the  self  noise  output  of  the  narrow  bandpass  filter  can  be  assumed  to 
have  a  flat  power  spectral  density  with  a  bandwidth  equal  to  the  band¬ 
width  of  the  narrow  bandpass  filter  and  a  Gaussian  probability  density 
function  of  the  amplitude  [15].  The  magnitude  of  the  power  spectral 
density  out  of  the  filter  is  given  by  the  magnitude  of  the  self  noise 
power  spectral  density  at  f0,  G(f0).  The  power  out  of  the  narrow  band¬ 
pass  filter  is  then  given  by 


(O(f0)  +  8<-f0))  £ 


(284) 


Thus,  the  self  noise  power  out  of  the  narrow  bandpass  filter  for  the 
short  code-long  code  product  is  given  by  (from  Table  3) 


PSN] ( I el  I  * 


(285) 


or 


PSN1 ( 1 el  I  * 


for 


|<A/2  . 

(286) 


For  the  product  of  the  two  identically  coded  signals,  the  self 
noise  power  out  of  the  narrow  bandpass  filter  is  given  by  (from 
Table  3) 


i 


» 


* 
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Pe„  del) 


(¥f£  Wi. 


(287) 


where  |e]  |  =  |'e|-mA,  m  an  Integer  greater  than  0,  and  |e-||<A/2. 

Since  the  output  power  spectral  density  Is  flat  and  the  output 
has  a  Gaussian  probability  density  function,  the  output  Is  the  same  as 
If  white  Gaussian  noise  was  present  at  the  input  to  the  filter.  Thus, 
an  S/NItc  can  be  determined  based  on  k,  |el,  and  the  received  slgnal- 
to-noiie  ratio  S/N  RF*  As  this  S/N  if  Is  based  on  |el,  which  may  vary 
with  time,  the  S/N  ip  may  also  vary 'with  time.  The  effect  on  the 
S/N I  ip  of  the  self  noise  present  during  acquisition  and  during  tracKlng 
will  now  be  examined. 

During  acquisition,  e  Is  continuously  changing  and  will  take  on  a 
wide  range  of  values.  For  |e|>A,  In  one  channel  of  the  delay  lock 
loop,  the  power  of  the  self  noise  is  given  by 


PSN  *  PSN1^el')  +  PSN2<hl> 
or,  from  Equations  (286)  and  (287) 


(288) 


PSN  “  2  l1 


M1# 


(289) 


where  |e, 1*1 e|-mA,  m»±l,±2,»*»  and  |ei|<A/2.  Thus,  P™  will  vary  from 
2Ps/k  to'Pc/k  during  acquisition.  Since  analysis  with  a  varying  noise 
power  Is  difficult,  the  worse  case  value  of  2P§/k  will  be  assumed  In 
the  remaining  analysis.  For  this  assumption,  S/N|if  Is  given  by 


(290) 


(291) 
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Thus,  S/N | ip  Is  upper  bounded  by  k/2.  The  S/N  bp  given  above  can  be 
used  with  the  acquisition  analysis  of  Chapter  VI. 

When  the  delay  lock  loop  Is  tracking  the  signal,  the  average 
value  of  | el  Is  0.5a  In  each  channel.  For  proper  operation  of  the  long 
code  acquisition  circuitry  (see  Chapter  VIII),  the  tracking  jitter  is 
usually  small  (less  than  0.1a).  Thus,  the  self  noise  power  during 
tracking  is  approximately  given  by 


PSN  *  PSn/°*5a)  +  PSN2<°-5*>  ^292^ 

or  from  Equations  (286)  and  (287) 

P$N  *  [1  -  2(.5)  +  2(.5)2]  £s.+  (.5)2  £.  (293) 

or 


PSN  =  °’75  Ps/k 


(294) 


Therefore,  the  S/N|IF  is  given  by 
S/N, 


IF 


S-T* 

s7n 

RF  4 

(295) 


The  S/N | if  as  given  In  Equation  (295)  Is  the  correct  value  for 
each  channel.  However,  In  the  analysis  of  tracking  jitter  a  different 
S/N 1 1 F  will  be  used  for  the  reasons  explained  below.  In  the  delay  lock 
loop,  the  outputs  of  the  envelope  detector  In  each  channel  are  sub¬ 
tracted  to  generate  the  signal  used  In  the  code  tracking.  Therefore, 
any  correlation  between  the  noise  In  each  channel  will  effect  the 
tracking  performance  of  the  loop.  Indeed,  the  self  noise  In  each 
channel  Is  correlated.  The  correlation  of  the  baseband  components  of 
the  self  noise  can  be  shown  (see  [6,  pp.  538-543],  for  a  similar  analy¬ 
sis)  to  be  given  by 


R-j2^T^  s 


t 


T_ 

A 


o  <_  t  <  j 


( A-t)/ A  T  <  A 

0  elsewhere 


(296) 
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for  | e |  *  0.5a. 

The  power  spectral  density  of  the  correlated  baseband  noise  Is  then 
given  by 


<?l2(f)  =^s1nc2(*f  |)  cos(2nf  |) 


(297) 


The  power  spectral  density  of  the  correlated  noise  Is  then  given  by 


e(f)  -  e12(f-f0)  ♦  f  s,2{f-f0) 


(298) 


As  In  the  analysis  before,  since  a  narrow  bandpass  filter  is  used  In 
each  channel  of  the  delay  lock  loop,  the  power  of  the  correlated  self 
noise  out  of  the  filter  can  be  approximated  by 


PSN  *  Ps/(4k) 


(299) 


The  power  given  above  Is  the  self  noise  power  In  each  channel  that  Is 
cancelled  when  the  envelope  detector  outputs  are  subtracted.  There¬ 
fore,  this  noise  power  need  not  be  considered  when  calculating  the 
tracking  jitter.  The  S/NfiF  to  be  used  In  coaipiitlng  tracking  jitter 
Is,  then,  given  by 


(300) 


Equations  (291)  and  (300)  may  be  compared  to  the  $/N|ip  when  the 
delay  lock  loop  Is  acquiring  and  tracking  a  biphase  signal.  Using  the 
same  method  as  for  the  four-phase  signal.  It  can  be  shown  for  the  bi¬ 
phase  signal  that  during  acquisition. 


5^7 


(301) 


and  during  tracking 


S/H|if  -  k  S/N|rf 


(302) 
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Thus,  during  tracking  of  the  biphase  signal  the  self  noise  In  the  delay 
lock  loop  will  have  a  negligible  effect  on  thq  S/N | if*  However,  as  the 
S/N|rf  decreases,  the  S/N|ip  difference  between  the  biphase  and  the 
four-phase  signals  In  the  delay  lock  loop  will  become  smaller. 


C.  Tracking  Jitter 

The  tracking  jitter  of  the  delay  lock  loop  with  linear  envelope 
detection  with  noise  present  on  the  received  signal  will  now  be  ex¬ 
amined.  To  be  considered  first  Is  the  variance  of  the  noise  out  of  the 
loop  filter.  Next,  the  discriminator  characteristic  Is  examined  when 
noise  is  present  on  the  received  signal.  The  tracking  jitter  Is  then 
determined  and  plotted.  Finally,  a  comparison  Is  made  between  the 
tracking  jitter  of  the  delay  lock  loop  with  linear  envelope  detection 
and  with  square  law  detection. 

First  to  be  considered  Is  the  variance  of  the  noise  at  the  output 
of  the  loop  filter.  Since  it  is  desired  that  the  tracking  jitter  be 
kept  small,  it  can  be  assumed  that 


B£  «  Bif  (303) 


where  BA  is  the  loop  filter  bandwidth.  Thus,  following  the  analysis  of 
Chapter  VI,  the  variance  of  the  output  of  the  loop  filter  for  the  ith 
delay  lock  loop  channel  can  be  approximated  by  (see  Equation  (208)) 


A  ‘  »  h?!(N0/2)  ♦  2  l&  B,f(N0/2)2]B, 


(304) 


where  hn  and  hg?  are  given  In  Equations  (192)  and  (193). 
atic 


From  these  equations  the  variance  can  be  rewritten  as 
rPc  p, 


B. 


'1 


'IFT 


2  S1  F  2  (\  .  2.  S  SA 
2  VF'  {?  ’  *’  '  *  IF  ^ 


+  57K 


~  •f4i1i-*iFv) 


(305) 


Thus,  the  variance  Is  dependent  on  Psi*  the  predetection  signal 


power  In  the  1th  delay  lock  loop  channel.  From  Equations  (180)  and 
(181),  the  predetection  signal  power  can  be  seen  to  be  a  function  of 
the  timing  error,  e,  that  Is, 


(0 


Ps(e/A+0.5)2 

Ps(1.5-e/A)2 

0 


and 


(e) 


Ps(c/A+1.5)2 

P$(0.5-e/A)2 

0 


-0.5a  <_  e  <_  0.5a 
0.5a  <  e  £  1 .5a 
el sewhere  (306) 


-1 .5A  <_  e  <_  -0.5ij 
-0.5a  <  e  <_  0.5a 
elsewhere  (307) 


Thus,  the  variance  Is  dependent  on  the  timing  error  In  each  channel. 
However,  If  It  Is  assumed  that  the  tracking  jitter,  oe.  Is  small  com¬ 
pared  to  the  chip  duration,  that  Is, 


a  «  A 
e 


(308) 


then,  as  discussed  In  Chapter  VI,  the  timing  error  In  each  channel  will 
have  a  magnitude  of  about  a/2.  The  predetection  signal  power  In  each 
of  the  delay  lock  loop  channels  can  then  be  approximated  by 


P$^(a/2)  *  0.25P$  .  (309) 


The  variance  of  the  noise  In  the  1th  delay  lock  loop  channel, 
Ized  to  the  received  signal  power,  P$,  Is  then  given  by 


normal - 


(310) 


Because  the  noise  In  each  channel  Is  assumed  to  be  independent,  the 
variance  of  the  output  of  the  loop  filter  Is  given  by 


a 


2 

n 


(311) 
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i 
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The  effect  that  this  variance  has  on  the  tracking  jitter  is  de¬ 
pendent  on  the  discriminator  characteristic,  which  will  now  be  con¬ 
sidered.  The  normalized  discriminator  characteristic  for  the  delay  lock 
loop  with  linear  envelope  detection  without  noise  present  at  the  Input 
Is  given  In  Equation  (167).  With  noise  and  without  normalizing,  this 
characteristic  Is  given  by 


D(e)  ■  E<Vout/e>,  -  E(»out/c>2  .  (312) 

where  E{VqUt/e)i  and  ElVout/el?  are  the  expected  values  of  the  linear 
envelope  detector  outputs  for  the  advanced  and  delayed  channels  (1  and 
2)  of  the  delay  lock  loop,  respectively,  for  a  given  e.  From  equation 
(190)  the  expected  value  of  the  output  for  the  ith  channel  is  given  by 


I 


! 

i 


« 


< 


where  Pcj  Is  given  In  Equations  (306)  and  (307)  for  1  equal  to  1  and  2, 
respectively.  From  Equation  (314),  Equation  (312)  can  be  expressed  as 


Thus,  unlike  the  delay  lock  loop  with  square  law  detection  [6,  pp.  545- 
567],  the  discriminator  characteristic  for  linear  envelope  detection  Is 
dependent  on  the  signal -to-nolse  ratio.  This  Is  shown  In  Figure  30, 
where  the  discriminator  characteristic  given  by  Equation  (315)  Is  plot¬ 
ted  for  various  values  of  S/N| jp.  It  can  be  noted  that  without  noise 
(S/N)  ip  *  »)  the  maximum  output  voltage  Is  (=0. 9003/Ps) ,  which 

Is  the  output  of  a  linear  envelope  detector  with  a  sinusoidal  input  of 
magnitude  /??$. 

The  timing  jitter  will  now  be  determined  from  the  noise  variance 
and  the  discriminator  characteristic.  It  can  be  seen  that 


1 
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Figure  30. 


The  discriminator  characteristic  for  the 
delay  lock  loop  with  linear  envelope 
detection  for  several  values  of  S/N|jp. 


3e  _  1 


(316) 


where  V0ut  *s  the  voltage  out  the  loop  filter  and  D'(e)  Is  the  deriva¬ 
tive  of  the  discriminator  characteristic  with  respect  to  c.  Thus*  the 
standard  deviation  of  the  timing  error  (timing  jitter)  may  be  given  by 


! 


As  can  be  seen  In  Figure  30,  the  discriminator  slope,  D'(e),  Is  not 
constant  for  e  between  -a/2  and  a/2  when  noise  Is  present  on  the  Input. 
However,  If  again  It  Is  assumed  that  the  tracking  jitter  is  small,  as 
In  Equation  (306),  then  the  D'(e)  In  Equation  (316)  Is  nearly  constant 
and  can  be  approximated  by 


D'(e)  *  D(0.1a)/(0.1a)  (318) 


or,  from  Equation  (315), 


The  closed  loop  bandwidth,  Bt,  of  the  delay  lock  loop  will  now  be 
determined.  With  the  loop  filter  as  give*?  by  Equation  (161),  the  closed 
loop  transfer  function  (see  [6,  pp.  544-545])  has  the  form 


H(p/pq) 


1+^  P/p0 
1  +*^P/p0+(p/p0)Z 


(320) 


The  noise  bandwidth  of  the  loop  Is  then  given  by 


B 


t 


(321) 


From  Equation  (320),  the  noise  bandwidth  can  be  evaluated  to  be 


B.  «  0.53  p„ 


(322) 


Therefore,  from  Equations  (310),  (311),  (317),  (319)  and  (322),  the 
normalized  timing  jitter  Is  given  by 


(-*•’ 

;  -0.16  S/N|if) 

f 

1  * 

* 

_ 

The  parameters  of  Interest  In  the  short  code  tracking  are  S/N | if* 
po/®IF*  an^  °c/A  Is  Plotted  versus  S/N} jp  for  various  values  of 

p0/Bip  in  Figure  31.  It  should  be  noted  from  Equation  (323)  that  the 
timing  jitter  Is  proportional  to  /Pq/&if.  In  general,  P0  is  desired 
to  be  as  large  as  possible  (for  a  given  oe/A)  so  that  the  final  acqui¬ 
sition  time  (see  Chapter  VI)  Is  as  small  as  possible.  Thus,  In  a 
typical  design  problem  (see  Chapter  XI)  the  S/N| if  and  the  maximum 
desired  ae/a  (determined  In  Chapter  VIII)  will  be  known  and  a  value  for 
p0  must  be  determined.  In  Figure  32,  the  required  p0/Bip  Is  shown 
versus  S/N|jp  for  various  values  of  ojb  for  use  In  such  a  problem. 

A  comparison  can  now  be  made  between  the  tracking  jitter  for  the 
delay  lock  loop  with  linear  envelope  detection  and  square  law  detection. 
From  [6],  Equation  (18-99),  the  tracking  jitter  for  the  delay  lock  loop 
with  square  law  detection,  expressed  In  the  notation  of  this  report. 

Is  given  by 


Equations  (323)  and  (324)  are  plotted  In  Figure  33,  where  the  tracking 
jitter  of  the  two  delay  lock  loops  Is  plotted  versus  S/N| if  for  po/Bif 
equal  to  0.1.  As  can  be  seen  In  this  figure,  the  tracking  jitter  of 
the  delay  lock  loop  is  about  the  same  for  both  types  of  detectors. 

Only  for  large  timing  jitter  Is  there  significant  difference  in  the 
jitter  of  the  two  delay  lock  loops.  However,  for  large  timing  jitter, 
the  assumption  of  Equation  (308)  Is  no  longer  valid,  and,  therefore, 
the  equation  for  the  linear  envelope  detector  may  not  be  accurate. 
Since  /po/ojF  Is  a  factor  In  the  tracking  jitter  equation  for  both 
types  of  detectors,  the  performance  of  the  two  types  will  be  nearly 
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Figure  31.  Normalized  code  timing  jitter  ae/a,  versus 
S/N|tp  for  various  values  of  p0/Bjp,  for 
the  delay  lock  loop  with  linear  envelope 
detection. 


Identical  for  all  values  of  Po/Bip.  Thus,  the  use  of  linear  envelope 
detection  In  the  delay  lock  loop,  so  that  the  sum  channel  can  be  easily 
Implemented  (see  Chapter  VI),  does  not  significantly  change  the  track¬ 
ing  jitter  that  would  be  obtained  with  square  law  detection. 

Thus,  In  this  chapter  the  effect  the  self  noise  has  on  the  slgnal- 
to-nolse  ratio  In  the  delay  lock  loop  has  been  determined.  The  signal  - 
to-nolse  ratio  was  calculated  for  the  delay  lock  loop  during  acquisition 
(Equation  (291))  and  during  tracking  (Equation  (300)).  The  self  noise 
was  shown  to  set  an  upper  limit  on  the  signal -to-nolse  ratio.  The 
tracking  jitter  for  the  delay  lock  loop  was  calculated  and  it  given 
by  Equation  (323).  The  tracking  jitter  for  the  delay  lock  loop  with 


Figure  33.  Comparison  of  the  tracking  jitter,  oj ^ 
versus  S/N|if  for  the  delay  lock  loop 
with  square  law  and  linear  envelope 
detection. 


CHAPTER  VIII 


LONG  CODE  ACQUISITION 


A.  Introduction 


In  this  chapter  the  long  code  acquisition  procedure  as  described 
briefly  in  Chapter  V  is  described  and  analyzed  in  detail.  This  chapter 
is  divided  into  several  sections.  In  the  remainder  of  the  first  sec¬ 
tion  the  acquisition  procedure  is  briefly  described.  The  performance 
of  the  differential  detector  is  the  main  factor  in  determining  the  per¬ 
formance  of  the  acquisition  procedure.  In  Section  B  the  average  bit 
error  probability  is  calculated  for  ideal  differential  detection  with 
noise,  and  the  dependence  of  adjacent  bit  errors  is  studied.  Also 
analyzed  in  Section  B  is  the  performance  of  the  differential  detector 
with  timing  jitter.  In  Section  C  an  approximate  model  for  the  acquisi¬ 
tion  system  is  analyzed.  Although  this  model  only  roughly  approximates 
the  actual  acquisition  system,  equations  can  be  derived  which  aid  in 
understanding  the  performance  of  the  actual  system.  The  actual  detec¬ 
tion  scheme  is  described  in  Section  D.  A  model  for  this  detection 
system  is  developed  In  Section  E,  and  acquisition  performance  results 
are  presented  from  a  computer  simulation  using  this  model. 

After  the  short  code  timing  has  been  acquired,  the  long  code  tim¬ 
ing  Is  acquired  by  the  receiver  by  the  method  to  be  described  below.  To 
obtain  long  code  synchronization  a  method  other  than  the  sliding  corre¬ 
lation  method  can  be  used  because  the  Interference  and  noise  has  been 
reduced  in  the  array  output  at  this  point.  Since  the  long  code  symbol 
transition  timing  is  known  from  the  delay  lock  loop  tracking  of  the 
short  code,  it  is  only  necessary  to  determine  what  the  code  symbols  are 
during  each  symbol  interval .  Under  these  conditions  a  technique  may  be 
used  which  is  known  as  Rapid  Acquisition  by  Sequential  Est1mat1on[12] 
to  acquire  the  timing  of  the  long  code.  This  method  is  described  in 
detail  in  the  next  several  paragraphs.  Immediately  after  the  long  code 
timing  has  been  acquired,  the  long  code  will  then  be  used  to  generate 
the  reference  signal  for  the  array. 

In  Figure  34  a  block  diagram  of  the  Rapid  Acquisition  by  Sequen¬ 
tial  Estimation  (RASE)  system  Is  shown.  For  this  technique,  the  code 
bits  on  the  received  signal  are  demodulated  and  loaded  Into  feedback 
shift  register.  This  shift  register  has  the  same  length  and  feedback 
connections  as  that  used  to  generate  the  code  at  the  transmitter.  When 
the  shift  register  is  fully  loaded,  the  feedback  is  connected,  and,  if 
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the  code  bits  have  been  demodulated  correctly,  the  output  of  the  shift 
register  is  synchronized  with  the  code  on  the  received  signal.  To 
verify  synchronization,  the  correlation  between  the  received  signal  and 
the  generated  code  is  determined.  If  the  correliijon  value  does  not 
exceed  a  given  threshold,  the  above  process  is  repeated  (i.e.,  the 
shift  register  is  reloaded  until  synchronization  is  obtained.  Using 
this  method  synchronization  for  a  2n-l  bit  pseudonoise  code  can  be 
obtained  after  detection  of  as  few  as  n  bits.  Even  with  a  large  amount 
of  noise  present  with  the  received  signal,  although  many  loadings  of 
the  shift  register  will  be  required  before  the  signal  is  acquired,  the 
average  time  required  for  acquisition  is  still  much  less  than  for  the 
sliding  correlator  method. 

In  Figure  34  the  shift  register  is  shown  with  two  feedback  taps, 
connected  through  an  exclusive-or  gate  to  the  first  stage  of  the  shift 
register.  However,  more  than  two  taps  or  even  nonlinear  logic  could 
also  be  used  in  the  feedback,  if  desired,  to  increase  code  security. 

The  only  requirement  for  this  technique  is  that  the  only  feedback  con¬ 
nection  must  be  to  the  first  stage  of  the  shift  register. 


RASE 


Figure  34.  Rapid  Acquisition  by  Sequential 
Estimation  block  diagram. 


A  block  diagram  of  the  RASE  method  is  shown  in  Figure  35  for  the 
acquisition  of  the  long  code  timing.  As  shown  in  this  figure  the  array 
output  containing  the  desired  signal  with  noise  is  differentially  de¬ 
tected  using  the  symbol  transition  timing  information  from  the  tracking 
of  the  short  code.  Information  about  the  phase  shifts  present  at  each 
bit  is  then  passed  to  the  detection  logic.  Since  the  short  code  bits 
are  known,  the  detection  logic  can  determine  the  long  code  bits  and  in 
some  cases  also  determine  if  errors  have  been  made  by  the  differential 
detector.  If  no  errors  are  detected,  the  long  code  bits  are  loaded 
into  the  shift  register.  The  shift  register  Is  then  connected  in  the 
feedback  mode  and  the  output  of  the  shift  register  correlated  with 
the  array  output  to  verify  code  timing.  If  the  correlation  of  the  two 
signals  after  a  given  time  exceeds  a  threshold  value,  the  output  of  the 
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Figure  35.  RASE  with  an  adaptive  array  for 
four-phase  modulated  signal. 


shift  register  is  used  to  generate  the  reference  signal  for  the  array. 
Otherwise,  the  shift  register  is  reloaded  and  the  process  repeated 
until  code  synchronization  is  obtained. 


B.  Differential  Detector  Performance 

The  acquisition  procedure  described  in  Section  A  uses  a  differ¬ 
ential  detector  to  determine  the  bits  to  be  loaded  into  the  shift  re¬ 
gister.  Thus,  the  error  probability  of  the  differential  detector  is 
the  mr*n  factor  in  determining  the  lockup  time  for  the  short  code.  In 
the  f.  st  portion  of  this  section  the  average  bit  error  probability  is 
computed  for  Ideal  four-phase  differential  detection  with  noise.  As 
in  any  differential  detector  the  probability  of  error  for  a  given  bit 
is  dependent  on  whether  an  error  occurs  in  detecting  the  previous  bit. 
This  dependency  of  errors  is  examined  next.  Finally,  the  bit  error 
probability  is  computed  for  differential  detection  with  timing  jitter. 
From  this  timing  jitter  analysis  the  effect  on  differential  detector 
performance  can  be  studied  for  the  bandwidth  of  the  filters  in  the 
delay  lock  loop  (see  Chapter  VI). 

First  to  be  considered  is  the  average  bit  error  probability  for 
Ideal  four-phase  differential  detection  with  noise.  In  Figure  36  a 
block  diagram  is  shown  of  the  differential  detector.  At  the  differ¬ 
ential  detector  input,  the  input  signal,  z(t),  is  given  by 


z(t)  «  s(t)  +  n(t) 


(325) 


Figure  36.  The  differential  detector. 


where  s(t)  is  the  four-phase  signal  and  n(t)  Is  noise  which  is  assumed 
to  be  white  Gaussian  noise  with  single  sided  power  spectral  density  N0. 
As  seen  In  Figure  36,  z(t)  Is  split  into  orthogonal  components  and 
integrated  over  each  chip  (code  symbol  interval),  a.  The  mth  chip  sig¬ 
nal  vector  is,  therefore,  given  by 


z  -  e  a  +  e  a 
m  xm  x  ym  y 


(326) 


where  ax  and  a y  are  unit  vectors  defining  a  rectangular  coordinate 
frame. 

For  four-phase  differential  detection ,_in  the  decision  circuitry 
the  magnitude  of  the  angle  between  Zm_i  and  zm»  defined  in  the  interval 
[0,2ir]  Is  compared  with  the  decision  angles  to  determine  the  two  re¬ 
ceived  code  symbols.  The  decision  boundaries  are  shown  in  Figure  37 
for  ideal  four-phase  differential  detection  with  equiprobable  "0"'s  and 
"l"'s  in  the  presence  of  white  Gaussian  noise. 
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Figure  37.  Decision  boundaries  for  the  nth  code 
symbols  for  four-phase  differential 
detection. 


The  receiver  rule  may  be  derived  from  Figure  37  as  follows.  Let 
e  be  the  angular  difference  between  two  consecutive  signal  vectors* 
that  Is, 


8  ‘  ta"''  (%)  ‘  (ex(»-l ) )  •  (327) 

Then  the  receiver  rule  for  one  channel  Is  given  by 

cose  >_  sine  "0"  transmitted  (328) 


and 


cose  <  sine 


"1M  transmitted 


(329) 


Equation  (328)  can  also  be  considered  as  meaning  that  the  dot  product 
of  the  two  consecutive  signal  vectors  Is  greater  than  or  equal  to  the 
magnitude  of  the  vectors'  cross  product.  That  Is, 


cm-l 


m 


i  (zm-l 


zm) 


(330) 


where  a.  Is  a  unit  vector  perpendicular  to  av  and  ay.  Equations  (326) 
and  (330)  may  be  combined  to  give  the  Inequality 


.  ex(m-l)exm  +  ey(m-l)eym  -ex(m-l)eym  "  ey(m-l)exm* 
Thus,  for  one  channel  the  receiver  rule  may  be  given  by 

ex(m-l)exm  +  ey(m-l)eym  "  ex(m-l)eym  +  ey(m-l)exm  -  0 

"0"  transmitted 
and 


(331) 


(332) 


:x(m-l)exm  +  ey(m-l)eym  "  ex(m-l)eym  T  ey(m-l)exm 

"1"  transmitted. 


\e _ -  e  ,xe._  +  e../„  i\e_  <  0 


(333) 


Similarly,  for  the  second  channel,  the  receiver  rule  can  be  derived  to 
be  given  by 


or 


and 


(z  ,  X  z_)  •  a  +  zm  ,  •  z  >  0 
m-i  m  z  m-i  m  — 

ex(m-l)eym  “  ey(m-l)exm  +  ex(m-l)exm  +  ey(m-l)eym  -  0 

"0"  transmitted. 


sx(m-1)eym  "  ey(m-l)exm  +  ex(m-l)exm  +  ey(m-l)eym 

"1"  transmitted  . 


<  0 


(334) 

(335) 

(336) 


Equations  (332)  through  (336)  are  In  the  form  that  they  can  be  easily 
Implemented  In  the  processing  and  decision  circuitry  of  the  differen¬ 
tial  detector. 

From  Figure  37  It  can  be  seen  that  the  decision  boundary  for  a 
given  channel  with  four-phase  differential  detection  Is  the  decision 
boundary  for  biphase  differential  detection  rotated  45  degrees.  Thus, 
Ideal  differential  detection  of  one  channel  of  a  four-phase  signal  has 
the  same  average  bit  error  probability  as  differential  detection  of  a 
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biphase  signal  with  a  45  degree  error  In  signal  vector  angle.  The  bit 
error  probability  for  biphase  differential  detection  with  signal  vector 
angle  error  has  been  determined  in  [20].  From  [20],  Equation  (74),  the 
bit  error  probability  with  a  45  degree  angular  error,  and,  thus,  the 
error  probability  for  one  channel  In  a  four-phase  signal  Is  given  by 


Vo 


2cos  e+sin  e 


de 


.  i  FT 


w/2  r  /Ea/N0  COSX 
-ir/2  '^Ta7N^  COS(x+ir/4) 


2 

exp(-u  /2 


)du 


2 

•  exp[-EA/NQ(s1n  x)]  cosx  dx 


(337) 


where  EA  is  the  signal  energy  per  chip  Interval.  It  should  be  noted 
that  Ea  is  twice  the  energy  per  code  symbol  because  the  signal  energy 
Is  divided  between  the  two  code  symbols  In  each  chip  Interval. 

Evaluation  of  Equation  (337)  was  done  with  the  computer  program 
used  In  [20].  Results  are  plotted  in  Figure  38.  There  are  several 
other  equations  which  can  be  used  to  compute  the  probability  of  error 
In  a  single  channel  with  four-phase  differential  detection.  Including 
[21],  Equations  (54)  and  (55)  which  Is  derived  in  [22].  These  equations 
give  results  similar  to  those  of  Figure  38. 

The  probability  of  at  least  one  error  In  detecting  both  channels 
will  now  be  considered.  If  the  error  probability  for  each  of  the  two 
channels  was  Independent  of  the  other  channel,  then  the  probability  of 
at  least  one  error  In  each  chip  Interval  would  be  given  by 


Pc  »  2PC  -  P?  .  (338) 

E2  E1  E1 

With  differential  detection,  the  error  probabilities  are  not  In¬ 
dependent,  however,  although  Equation  (338)  gives  results  within  3  per 
cent  of  the  actual  value  for  E^/Nq  between  1  and  4.  The  actual  value 
of  the  probability  of  at  least  one  error  In  a  given  chip  Interval  is 
given  by  ([21],  Equation  (71),  derived  In  [22]) 

fir  •.  fir/ 2 

Pc  *  r  sin  x  [1  +  (E./N )(1  +  cos  y  sin  x)] 

E3  J»/4  *  JO  L  0 

•  exp(-(E4/N0)(l  -  cos  y  sin  x))  dx  dy  .  (339) 
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Evaluation  of  Equation  (339)  was  performed  nunerlcally  using  Simpson's 
1/3  rule  with  100  points  for  each  Integral.  Results  are  plotted  In 
Figure  38.  It  should  be  noted  that  these  results  agree  with  the  tabu¬ 
lated  values  of  [23].  Two  other  curves  are  plotted  In  Figure  38.  These 
Include  the  bit  error  probability  for  biphase  differential  detection, 
which  Is  given  by 


\  *  \  exp[-EA/N0]  .  (340) 

For  comparison  purposes,  the  curve  given  by 


PE  -  \  exp[-EA/2N0]  (341) 

5 

Is  also  plotted. 

As  seen  In  Figure  38,  the  probability  of  error  In  one  channel  is 
less  than  1/2  expEEA/2Nn]  for  Ea/N0  between  0  and  4.  Thus,  for  a  given 
energy  per  code  symbol  (rather  than  energy  per  chip)  to  noise  density 
ratio  four-phase  differential  detection  has  a  lower  bit  error  probabil¬ 
ity  than  biphase  differential  detection  for  small  Ea/N0.  As  shown  In 
Section  E,  this  range  of  EA/N0  values  Is  the  region  of  interest  In  the 
long  code  acquisition  method. 

In  differential  detection  the  phase  difference  between  two  con¬ 
secutive  signal  vectors  Is  used  to  determine  the  code  symbols.  Thus, 
the  error  probability  for  a  given  chip  Interval  Is  dependent  upon 
whether  there  were  errors  during  the  previous  chip  Interval.  Because 
of  this  error  dependence  the  probability  of  loading  n  bits  without 
errors  Into  the  shift  register  during  the  long  code  acquisition  will  be 
different  than  just  the  nth  power  of  the  average  bit  error  probability. 
This  error  dependence  will  now  be  examined. 

For  biphase  differential  detection  the  dependence  of  error  pro¬ 
babilities  has  been  studied  In  [24].  With  biphase  differential  detec¬ 
tion  there  are  four  combinations  of  errors  (or  conditional  error  pro¬ 
bability  cases)  to  consider:  (1)  two  errors,  (2)  no  errors,  (3)  an 
error  followed  by  no  error,  and  (4)  no  error  followed  by  an  error.  For 
four-phase  differential  detection  the  number  of  cases  Is  Increased  to 
16.  That  Is,  there  are  four  possible  error  combinations  In  one  chip 
Interval  (conditions)  and  four  possible  error  combinations  In  the  next 
chip  Interval  (resulting  errors). 

To  calculate  the  conditional  error  probabilities  It  Is  first 
necessary  to  consider  the  probability  density  function  of  the  phase 
error  due  to  noise  of  the  1th  chip  Interval  signal  vector  in  the 
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differential  detector,  For  white,  Gaussian  noise  this  probability 
density  function  Is  given  by  [25] 


p(*/(EA/NQ))  *  exp  £  exp  N*  s1n2*j 

'  cos*  [\  +  Q(*.Ea/N0)] 


(342) 


where 


.  r/2£./H  cos*  7 

Q(*.ES/N0)  -  ^  {  exp[-u  /2]  du 


(343) 


As  an  example  to  show  how  the  error  probablltles  may  be  calcu¬ 
lated,  the  case  will  be  considered  of  two  consecutive  errors  In  one 
channel  and  none  In  the  other.  Let  eiA  denote  an  error  In  the  ith  code 
symbol  of  the  ith  chip  Interval  and  eia  denote  no  error.  Then  the 
probability  of  an  error  In  one  channel  given  an  error  In  the  same 
channel  In  the  previous  chip  Interval,  with  no  errors  In  the  other 
channel  Is  given  by 


Pr(e11e12/e(1-l)1e(1-l)2) 

Pr(e11e12e(1-l?1e(l-l)2 

Pr{e(1-I)1¥{1-1)2) 


(344) 


The  denominator  In  Equation  (344)  may  be  seen  from  the  decision 
boundaries  shown  In  Figure  37  to  be  given  by 

Pr('(i-l)1e(1-l)2)  “Pr(l<  -T)  (3451 

Pr(e(t-l)1?(1-l)2)  *  Pr(f  *  *(1-2)  *  *(1-1)  iT^H-2))  . 


or 


(346) 


From  Equation  (342),  the  above  equation  may  be  written  as 


k.' 

"1 


*  (347) 

The  numerator  of  the  right-hand  side  of  Equation  (344)  may  be 
seen  from  Figure  37  to  be  given  by 


pr(e1,e12e(1-l)  *(1-1)2> 


„/ir.  .  .  3ir  3* 

prlT--*(1-l)  '  *(1-2) *4”  ’  r-»l 


-  * 


(1-1)  <  ‘  J) 

(348) 


or 


Pr<*1,*12®(1-l)1*(1-l)2> 


*  pr(?” +  *(1-2)  ^  *(1-1)  *  r*  *(1-1). 


-3ir 


*  *(1-1)  -*1  *  T*  *(1-1)) 

(349) 


and,  thus,  from  Equation  (342) 

!  * -ir^ir/4+*» .  - .  ■*  - 


r  h  f2  (M)1  (U1)2  ;-^w/4+*(i.2)  ^3»/4+*(1-1) 

p(*i/(EA))p(^(i.i)/<W) 

p(*(i*)/(W>  d*id*(i-Dd*(i-2)  • 


(350) 
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Evaluation  of  Equations  (347)  and  (350)  was  done  numerically  _ 
using  Simpson's  1/3  rule  with  24  points  for  each  integral.  Pr(eii  eW 
e(i-l)l  e(i"1)2^  WaS  then  ca^cu1ated  from  Equation  (344).  L 

Using  the  method  described  above  the  conditional  error  probabil¬ 
ities  were  determined  for  all  cases.  In  Table  4  the  limits  on  the 
integrals  in  Equation  (350)  are  shown  for  all  cases.  The  conditional 
error  probabilities  are  plotted  in  Figures  39  through  41.  As  can  be 
seen  from  these  figures  the  conditional  error  probabilities  vary  widely 
about  the  average  from  case  to  case.  Thus,  the  conditional  error  pro¬ 
babilities  must  be  taken  into  account  when  analyzing  the  long  code 
acquisition  time. 

The  next  topic  to  be  considered  Is  the  effect  that  bit  timing  error 
has  on  the  differential  detector  bit  error  probability.  As  discussed 
in  Chapters  VI  and  VII,  the  bandwidth  of  the  delay  lock  loop  filter  and 
the  slgnal-to-noise  ratio  determine  the  jitter  In  the  code  timing.  The 
bandwidth  of  this  filter  is  usually  desired  to  be  as  large  as  possible  to 
Increase  the  short  code  acquisition  probability.  Thus,  the  timing 
jitter  will  usually  be  made  as  large  as  Is  possible  without  seriously 
affecting  the  performance  of  the  differential  detector. 

In  the  following  analysis  the  effect  is  studied  of  bit  timing 
jitter  on  the  average  bit  error  probability  for  a  single  channel  in  a 
four-phase  signal.  Although  analysis  could  also  be  performed  for  the 
effect  of  timing  jitter  on  the  conditional  error  probabilities  and  the 
average  probability  of  an  error  in  at  least  one  channel,  this  would 
require  an  extremely  large  number  of  cases  to  be  studied  and  make  the 
job  of  determining  the  filter  bandwidth  very  complex.  Thus,  only  this 
one  case  has  been  considered. 


To  determine  the  effect  of  timing  jitter  on  the  differential 
detector,  the  effect  of  timing  jitter  on  the  signal  vectors  will  be 
considered  first.  Referring  to  Figure  36,  with  a  timing  error,  e,  the 
outputs  of  the  sample-and-holds  in  the  differential  detector  are  given 
by 


ex(mA+e) 


and 


mA+e 

ex(mA+e)  ■  /  £y (t )dt 

(m-l)A+e  3 


(351) 
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Table  4 


Integral  Limits  for  Equation  (339)  for  All  Conditional 
Error  Probability  Cases 


Conditional  Error 
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Figure  39.  Conditional  error  probabilities  for  no 
errors  versus  E./IL. 
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Figure  41.  Conditional  error  probabilities  for  two 
errors  versus  E./Nft. 
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The  parameters  of  interest  for  the  signal  vectors  are  the  magni¬ 
tude  of  two  consecutive  signal  vectors  Li  and  L2,  and  the  error  in  the  F 

angle  between  them  due  to  timing  error,  Ae.  With  timing  error  there 
are  16  cases  to  consider.  The  signal  vector  magnitudes  and  angular 
error  for  these  cases  are  listed  in  Table  5. 

The  average  probability  of  error  with  timing  error  may  be  calcu¬ 
lated  by  averaging  the  probability  of  error  for  each  of  the  16  cases.  i 

The  probability  of  error  for  the  ith  case  with  a  given  timing  error  is 
given  by  (from  [20]) 


K(L-|  .Lg  A<j>e/e,  case  i)  = 

tt/2 


H 


exp 


L?L«cos2a<J)  /N 
1  i  e  O 

— 2 — 2 — 2 - 2"~ 

L^cos  e+L^os  A<(>esin  e 


de 


Li  r 
tt/2N  J  _ 


tt/2 
o  '-it/2 


L«/2/NrtcosxcosA(t.  * 

?  0  e  exp[-u  /2]du 

,/2/N  cos(x+A<j>  ) 


t 


•  exp 


r  L^sinV 


cosx  dx 


where 


(353) 


A<J»e  -  A0+  ir/4 


(354) 


and  L-j,  Lo,  A8  are  given  in  Table  5.  As  discussed  previously  ir/4  has 
been  added  to  A0  in  Equation  (354)  to  make  the  equation  in  [20]  for  bi 
phase  differential  detection  correspond  to  that  for  four-phase  differ¬ 
ential  detection. 


As  stated  before  (see  Chapter  VI),  the  timing  error,  e,  is 
assumed  to  have  a  Guassian  distribution,  which  may  be  given  by 


P(c) 


(355) 


where  a  is  the  standard  deviation  of  the  timing  jitter.  Thus,  the 
probability  of  error  for  a  given  case  is  given  by 


» 
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Table  5 

Signal  Vector  Magnitudes  and  Angular  Error  with  F~ 

Timing  Error  for  All  Cases 


~  -  "  T 

Case 

Signal  vector  magnitude* 

Angular  error 

h 

L2 

&e 

1 

1 

1 

0 

2 

1 

0-e)2+c2 

tan'1 

1  -e 

3 

1 

l-2e 

0 

4 

1 

(1-e)2+e2 

-  tan'1 

1  -e 

5 

(l-e)2+e2 

1 

-2tan_1 

1  “E 

6 

(1 -e)2+e2 

(l-e)2+e2 

-  tan'1 

7 

(l-e)2+e2 

1-2e 

0 

8 

(l-e)2+e2 

(1-e)2+e2 

'  tan_1  T^T 

9 

1  -2e 

1 

0 

10 

1  -2e 

(1-e)2+e2 

-  tan'1  y^— 

1  -E 

11 

l-2e 

1-2e 

0 

12 

l-2e 

(1-e)2+e2 

tan"1  y^ — 

1  -e 

13 

(l-e)2+e2 

1 

2tan_1  y2— 

1  -E 

14 

(1 -e)2+e2 

(1-e)2+s2 

tan'1  y5- 

1  “E 

15 

(l-e)2+e2 

1-2e 

0 

16 

(1-e)2+e2 

(1-e)2+e2 

tan"1  y— - 

1  -E 

-  —  i 

♦Normalized  to  1  without  timing  error. 
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Please  1)  *  j  K(Lj  ,L2,A$e/e,  case  1)p(e)de  . 


(356) 


The  average  probability  of  error  for  all  cases  Is  then  given  by 
1  16  f 

PE  *  T5  J£  K(LrL2,A^e/e,  case  1)  •  p(e)de  .  (357) 

Equation  (357)  has  been  analyzed  using  numerical  techniques. 
Simpson's  one-third  rule  was  employed  In  evaluating  all  Integrals. 

The  number  of  points  for  each  Integral  was  4  for  u  (Equation  (353)), 

40  for  x  (Equation  (353)),  30  for  e  (Equation  (353)),  and  150  for  e 
(Equation  (355)).  The  results  of  the  computer  analysis  are  shown  In 
Figure  42,  where  the  average  probability  of  error  In  a  single  channel 
Is  plotted  versus  Ea/Nq  for  various  values  of  timing  jitter.  Figure 
42  can  be  used  to  determine  the  Increase  In  E&/No  required  with  timing 
jitter  to  obtain  a  given  error  performance.  Thus,  the  effect  of  dif¬ 
ferent  delay  lock  loop  filter  bandwldths  can  be  determined  on  the 
differential  detector  performance.  A  design  example  using  this  Infor¬ 
mation  Is  presented  In  Chapter  XI. 


C.  Analysis  of  an  Approximate  Long 

Code  Acquisition  HodeT 

In  this  section  a  simplified  model  of  the  long  code  acquisition 
scheme  Is  analyzed.  For  this  model  several  assumptions  are  made  for 
the  acquisition  system  so  that  the  system  can  be  studied  theoretically 
Although  these  assumptions  are  not  true  for  the  actual  system,  with 
these  assumptions  equations  can  be  derived  which  give  a  rough  Idea,  of 
the  actual  system  performance.  The  parameters  being  studied  In  this 
section  are  the  long  code  acquisition  time  and  the  probability  of  long 
code  timing  acquisition  In  a  given  time  as  a  function  of  Ea/N0  and  Ion 
code  shift  register  length. 

The  following  assumptions  for  the  long  code  acquisition  system 
model  have  been  made  In  this  section.  It  must  be  stressed  that  these 
assumptions  are  not  true  for  the  actual  system  and  will  only  be  used 
In  this  section.  The  assumptions  are: 

(a)  The  long  code  can  be  differentially  detected  by  Itself 
(without  the  short  code  plus  data). 

(b)  The  bit  error  probability  for  each  code  symbol  Is  in¬ 
dependent  of  other  symbols. 


Ea/N0  (NUMERIC) 


8  9 


IU 


Figure  42.  The  average  probability  of  a  symbol  error 
In  four-phase  differential  detection, 
versus  E^/Nq  for  various  values  of  timing 
jitter. 


(c)  The  bit  error  probability  Is  given  by 
Pc  ■  i  exp[-EA/2Nj 


Although  in  the  actual  system  the  long  code  cannot  be  differentially 
detected  by  itself,  assumption  (a)  is  still  fairly  reasonable  since 
when  detecting  the  four-phase  signal,  the  short  code  is  already  known. 
Assumption  (b)  was  shown  to  be  wrong  in  Section  B.  However,  this 
assumption  allows  for  the  derivation  of  equations  in  this  part  which 
are  still  reasonably  accurate.  The  approximation  to  the  average  bit 
error  probability  in  assumption  (c)  was  discussed  in  Section  B,  and 
shown  In  Figure  38  to  be  fairly  accurate  over  a  range  of  E^/Nq  values 
from  1  to  4,  which  Is  the  range  considered  in  this  part. 

This  simplified  model  will  now  be  analyzed  to  determine  the  aver¬ 
age  long  code  acquisition  time  and  the  probability  of  acquisition  in  a 
given  time.  As  described  In  Section  A  the  long  code  acquisition  scheme 
involves  the  loading  of  a  shift  register  with  the  detected  code  symbols 
followed  by  the  correlation  of  the  output  of  the  shift  register  with 
the  received  signal.  With  the  assumptions  described  previously,  the 
probability  of  fully  loading  an  n  stage  shift  register  with  error  free 
code  symbols  is  given  by 


Pn  *  (l-PE)n  ,  (359) 


where  Pg  Is  given  In  Equation  (358).  The  trials  of  fully  loading  the 
shift  register  are  Independent  Bernoulli  trials.  Thus,  the  number  of 
trials  required  for  an  error  free  loading  (i.e.,  for  acquisition)  has 
a  geometrical  distribution.  The  probability  of  success  of  the  xth 
trial  Is  then  given  by 

Pr(x=X)  =  Pn(l-Pn)X_1  ,  (360) 


and  the  average  number  of  trials  required  Is  the  reciprocal  of  Pn. 

For  each  loading  of  the  shift  register,  the  output  of  the  shift 
register  is  correlated  with  the  received  signal  for  a  period  of  time 
which  will  be  referred  to  as  the  correlation  time.  The  correlation 
time  is  discussed  In  Chapter  IX.  As  stated  in  this  section,  the  cor¬ 
relation  time,  Tcorr,  will.  In  general,  be  some  given  multiple,  M,  of 
the  number  of  stages  in  the  shift  register  for  a  given  system,  i.e.. 


T  ■  Mn  A 
corr 


(361) 


Thus,  the  average  acquisition  time  is  given  by 


acq 


Mn  a 


(362) 
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For  the  sliding  correlation  method  of  acquisition  (used  for  the 
short  code),  the  average  acquisition  time  is  given  by  (see  Chapter  VI) 


corr 


(363) 


Thus,  for  P£  equal  to  one-half  (random  guessing  of  the  code  timing) 
the  average  lockup  time  for  this  model  Is  twice  that  for  the  sliding 
correlation  method.  However,  as  p£  decreases,  the  lockup  time  with 
this  model  will  become  much  less. 

Equations  (362)  and  (358)  can  be  combined  to  obtain  the  average 
acquisition  time,  which  is  given  by 


Tacq  ■  "  — : - rLJL— -  •  <364> 

0-^exp[-E4/2No])" 

Equation  (364)  is  plotted  in  Figure  43,  where  the  required  Ea/N0  is 
plotted  versus  n  for  several  values  of  average  acquisition  time.  As 
can  be  seen  in  this  figure  very  long  codes  can  be  used  with  rapid 
acquisition  if  EA/Ng  is  greater  than  3.  It  should  be  noted  that  this 
is  the  usual  operating  limit  of  a  biphase  communication  system  with  an 
adaptive  array  (see  Section  E  for  further  details). 

The  probability  of  acquisition  in  a  given  time  will  now  be  exam¬ 
ined.  In  the  analysis  for  Figure  43  the  average  lockup  time  rather 
than  the  maximum  lockup  time  was  considered.  For  the  short  code 
acquisition  the  acquisition  time  has  a  uniform  probability  density 
with  the  maximum  acquisition  time  equal  to  twice  the  average.  However, 
for  the  long  code,  the  acquisition  time  has  a  geometrical  distribution 
as  shown  in  Equation  (360).  Thus,  the  probability  of  more  than  X 
trials  being  required  to  achieve  lockup  can  easily  be  shown  to  be  given 
by 


Pr(x>X)  »  (l-Pn)X  .  (365) 

Therefore,  there  is  no  maximum  lockup  time  and  a  probability  of  acqui¬ 
sition,  Pacq>  within  a  specified  number  of  trials  must  be  considered. 
From  Equation  (365)  the  probability  of  acquisition  in  X  trials  is 
given  by 
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Figure  43.  Required  EA/N0  versus  shift  register  length 
for  various  values  of  long  code  average 
acquisition  time  for  the  approximate  system 
model . 


In  general,  the  probability  of  acquisition  for  a  given  trial,  Pn 
will  be  a  very  small  number,  and,  thus,  an  approximation  to  Equation 
(366)  can  be  made.  It  can  be  shown  that  for 


3 


with  less  than  a  0.2  percent  error. 


Since,  in  general. 


i-  »  10 

n 


(369) 


the  probability  of  acquisition  can  be  approximated  by 


*  1  -  e 
acq 


(370) 


where 


y*XPn  ,  (371) 

i.e.,  y  Is  the  multiple  of  the  average  number  of  trials  required  for  a 
given  acquisition  probability.  Equation  (370)  may  be  rewritten  as 


y  *  -2.3  log(l-Pacq)  .  (372) 

Equation  (372)  is  plotted  in  Figure  44.  It  can  be  seen  that  the 
probability  of  acquisition  in  the  average  acquisition  time  is  about 
63  percent.  This  equation  can  be  used  with  Figure  43  by  noting  that 
the  time  required  to  acquire  the  long  code  timing  with  a  given  proba¬ 
bility  is  y  times  Tacq  as  given  In  Figure  43.  A  design  example  is 
presented  In  Chapter  XI. 


D.  The  Long  Code  Symbol  Detection  Scheme 

In  this  section  the  long  code  symbol  detection  scheme  Is  describrd. 
The  reason  a  detection  scheme  must  be  developed  is.  that  in  dif¬ 
ferentially  detecting  the  four-phase  signal  (i.e.,  determining  the  two 
symbols  corresponding  to  the  phase  shift  (see  Figure  37  for  the  de¬ 
cision  boundaries))  the  long  code  symbols,  the  short  code  symbols,  and 
the  data  bits  are  detected  together,  and  only  the  long  code  symbols 
are  desired.  To  determine  how  to  separate  the  long  code  symbols  the 
modulation  method  will  be  examined  first.  An  ambiguity  problem  exists 
in  detecting  a  signal  with  this  type  of  modulation,  and  this  problem 
is  discussed  next.  A  way  to  get  around  this  problem  Is  then  discussed, 
and  a  detection  scheme  is  described.  The  detecting  of  errors  using 
this  scheme  is  considered  next.  Finally,  the  detection  logic  is  shown. 

The  four-phase  signal  under  consideration  in  this  dissertation 
can  be  expressed  as  (from  Chapter  V,  Equation  (142)). 


Illty  of  not  acquiring  the  long 
i  the  multiple  of  the  average 
i  time  for  the  approximate 
el. 
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s(t)  =  sin(u)t+c(t))  +  cos(u>t+$(t) ) 


(373) 


where  <4  is  the  carrier  frequency. 


P 


i 


*  Sr  =  Vl  *  V 

♦(t)  =  ‘m  =  Vl  +  V 


(m-1  )a  <_  t  <  mA 


c  is  the  constant  phase  angle  added  to  the  short  code  signal 
™  component  during  the  mth  chip  interval, 

*  is  the  constant  phase  angle  added  to  the  long  code  signal 
m  component  during  the  mth  chip  interval, 

n  is  the  mth  symbol  of  a  stream  of  ones  and  zeros  derived 
™  from  the  short  code  plus  data,  and 

b  is  the  mth  symbol  of  a  stream  of  ones  and  zeros  derived 
m  from  the  long  code. 

The  phase  shifts  in  this  signal  due  to  the  two  codes  plus  data  may  be 
determined  from  Equation  (373)  and  are  shown  in  Table  6.  As  shown  in 
Table  6  from  the  phase  shifts  alone,  two  symbol  streams  can  be  deter¬ 
mined  but  it  is  impossible  to  determine  which  symbol  stream  contains 
the  long  code  symbols.  Specifically,  when  a  plus  or  minus  ninety 
degree  phase  shift  occurs  it  is  impossible  to  determine  the  long  code 
symbol  unless  either  the  short  code  plus  data  symbol  or  the  previous 
phase  is  known.  These  two  parameters  are  considered  below. 

Considering  the  previous  phase  first,  it  can  be  seen  in  Table  6 
that  there  are  four  possible  previous  phases.  These  may  be  grouped 
into  two  states,  state  A,  consisting  of  plus  and  minus  ninety  degrees, 
and  state  B,  consisting  of  zero  and  one  hundred  eighty  degrees. 
Examination  of  Table  6  shows  that  it  is  only  necessary  to  know  the 
previous  state  to  determine  the  long  code  symbol  from  the  phase  shift. 
From  each  phase  shift  the  previous  state  for  determining  the  next 
symbol  can  be  calculated.  Thus,  once  the  previous  state  is  known,  all 
subsequent  long  code  symbols  can  be  determined.  However,  there  is  a 
fifty  percent  chance  of  error  In  choosing  the  initial  previous  state 
at  random. 

Considering  the  short  code  plus  data  symbols  next,  it  should  be 
noted  that  the  short  code  is  already  known.  Thus,  the  short  code 
plus  data  symbols  are  known  except  for  every  kth  symbol,  where  k  is  the 
spreading  ratio.  However,  which  symbol  contains  data  Is  also  not  known. 
To  use  only  the  short  code  symbols  to  determine  the  long  code  symbols 
would  lead  to  a  probability  of  an  error  of  one-half  every  k  symbols. 

For  n  much  greater  than  k,  the  probability  of  an  error  in  fully  loading 
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Table  6 

The  Phase  Shifts  Caused  By  the  Long  and  Short  Code  Symbols 
Plus  Data  for  the  Four-Phase  Modulation  Scheme 


the  shift  register  (even  with  error  free  differential  detection)  can 
become  quite  large.  Thus*  other  methods  must  be  examined. 

To  reduce  the  chance  of  error  In  the  long  code  detection  scheme, 
after  examining  several  schemes,  a  scheme  was  chosen  which  used  a  combi 
nation  of  the  previous  state  and  short  code  symbols.  In  this  scheme 
the  short  code  is  used  to  determine  the  long  code  symbols  until  a  plus 
or  minus  ninety  degree  phase  transition  occurs.  At  this  point  the 
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phase  shift  plus  the  short  code  symbol  is  used  to  determine  the  pre¬ 
vious  state  from  Table  6.  The  probability  of  error  in  determining  the 
previous  state  is  then  the  probability  of  a  "1"  data  bit  occurring  with 
this  short  code  symbol,  which  is  given  by 

pE  *  k  •  <374> 

Thus,  for  large  spreading  ratios  this  probability  is  small.  With  the 
previous  state  determined,  both  the  long  code  and  short  code  plus  data 
symbols  can  be  determined  from  the  phase  shifts.  Also,  since  the  short 
code  symbols  are  known,  the  data  bits  may  also  be  determined.  This 
detection  scheme  is  shown  in  Table  7. 

Since  the  data  bits  can  be  determined  using  this  scheme,  some 
errors  in  the  differential  detector  can  be  detected.  That  is,  since 
a  "1"  data  bit  may  occur  only  every  kth  code  symbol  in  the  transmitted 
signal,  if  "1"  data  bits  are  detected  at  other  than  every  kth  symbol 
an  error  is  known  to  have  occurred.  Unfortunately,  from  the  detection 
scheme  it  is  impossible  to  determine  which  symbol  is  in  error.  How¬ 
ever,  if  an  error  is  detected,  the  shift  register  loading  can  be  stop¬ 
ped,  the  register  cleared,  and  shift  register  loading  resumed.  This 
method  saves  both  the  time  required  to  complete  loading  of  the  shift 
register  and  the  correlation  time  for  the  cases  where  an  erroneous 
loading  of  the  shift  register  may  occur. 

Because  of  several  factors  including  the  dependence  of  symbol 
errors  as  described  in  Section  B,  it  is  extremely  difficult  to  deter¬ 
mine  theoretically  the  performance  of  this  detection  scheme  with  the 
differential  detector.  Therefore,  this  detection  scheme  has  been 
modelled  in  Section  E,  and  a  computer  simulation  has  been  made  of  the 
long  code  acquisition  procedure  for  white,  Gaussian  noise  present  on 
the  received  signal.  However,  some  understanding  of  this  detection 
scheme's  error  detecting  capability  can  be  obtained  by  briefly  exami¬ 
ning  Table  7.  For  example,  the  case  can  be  considered  where  the  pre¬ 
vious  state  has  been  determined  and  there  are  no  data  bits  present  for 
several  consecutive  short  code  symbols.  As  can  be  seen  in  Table  7, 
if  the  phase  shift  determined  by  the  differential  detector  is  in  error 
by  180  degrees,  then  a  "1"  data  bit  will  be  determined,  and  this  will 
signal  an  error.  If  the  detected  phase  shift  is  in  error  by  plus  or 
minus  ninety  degrees,  then  an  error  in  the  next  code  symbol's  previous 
state  will  be  made.  As  seen  In  Table  7,  if  there  is  an  error  in  the 
previous  state  and  the  next  phase  shifts  are  determined  correctly,  then 
with  a  plus  or  minus  ninety  degree  phase  shift  it  will  be  determined 
that  a  "1"  data  bit  has  been  received  (note  that  no  data  bits  have 
been  assumed  present),  and  an  error  will  be  detected.  Thus,  for  this 
case,  most  errors  in  the  differential  detector  will  be  detected.  Al¬ 
though  only  one  special  case  was  considered  here.  It  will  be  shown  In 
Section  E  that  this  detection  scheme  does  Indeed  detect  most  of  the 
differential  detection  errors. 


Table  7 

The  Detection  Scheme 
1)  Initially  (Unknown  previous  state) 


Phase 

Shift* 

(degrees) 


Symbol 


Next  Previous 
State 


Unknown 

Unknown 

B 

A 

Unknown 

Unknown 

A 

B 


Long 

Code 

Symbol 


"1"  Data 
Bit 


! 

*The  phase  shift  is  determined  by  the  differential  detector.  From 

Figure  37, +90  degrees  corresponds  to  a  "01"  output  from  the 
differential  detector,  -90  degrees  is  a  "10",  180  degrees  is  a 
"11",  and  0  degrees  is  a  "00". 

. 

» 

* . . 

■ 

2)  Previous  State  A 

I 

Phase 

Shift 

(degrees) 


Next  Previous 
State 


Long 

Code 

Symbol 


•1"  Data 
Bit 
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Table  7  (Cont.) 


3)  Previous  State  B 


Phase 

Short 

Next  Previous 

Long 

"1"  Data 

Shift 

Code 

State 

Code 

Bit 

(degree) 

Symbol 

Symbol 

0 

0 

B 

0 

No 

0 

1 

B 

Yes 

+  90 

0 

A 

0 

Yes 

+  90 

1 

A 

0 

No 

180 

0 

B 

1 

Yes 

180 

1 

B 

1 

No 

-  90 

0 

A 

1 

No 

-  90 

1 

A 

1 

Yes 

A  block  diagram  of  the  circuitry  necessary  for  Implementation  of 
this  detection  scheme  is  shown  in  Figure  45.  The  logic  for  the  PROM 
shown  in  this  figure  ^s  provided  in  Table  8. 


DIFFERENTIAL 

DETECTOR 

OUTPUT 


Figure  45.  Block  diagram  of  the  circuitry  for 
implementation  of  the  detection 
scheme  of  Table  7  with  k=16. 
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Table  8 

PROM  Logic  for  Figure  45 
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Simulation  of  the  Long  Code 
Acquisition  Method' 

In  this  section  the  simulation  of  the  long  code  acquisition  method 
Is  discussed  and  the  results  of  this  simulation  are  presented.  The 
simulation  method  is  used  for  the  analysis  of  the  acquisition  method 
because  the  dependence  of  symbol  errors  in  the  differential  detector 
(Section  8)  and  the  complexity  of  the  detection  logic  (Section  D)  make 
a  theoretical  analysis  extremely  difficult.  First  to  be  described  in 
this  section  is  the  method  by  which  the  noise  at  the  receiver  Is  simu¬ 
lated.  Next  the  model  of  the  acquisition  method  used  in  the  simulation 
is  described.  Finally,  the  results  of  a  large  number  of  computer  runs 
using  this  model  are  shown  and  discussed. 

The  performance  measure  of  interest  in  this  part  is  the  average 
lockup  time  as  a  function  of  Ea/N0  and  the  number  of  stages  in  the 
shift  register  used  to  generate  the  long  code.  The  effect  of  the 
spreading  ratio  and  correlation  time  is  also  considered.  The  perform¬ 
ance  of  the  acquisition  procedure  is  determined  by  the  average  lockup 
time  for  a  large  number  of  computer  simulations  of  the  acquisition  pro¬ 
cedure  where  the  signal  and  noise  input  to  the  receiver  is  generated 
at  random.  To  simulate  the  generation  of  a  signal  with  noise  and  the 
detection  method  for  this  signal,  the  following  steps  are  performed  on 
the  computer. 

Step  1  Is  the  simulation  of  the  transmitter.  First,  two  code 
symbol  streams  are  generated  by  the  computer.  Each  symbol  is  generated 
at  random  with  equally  probable  l's  and  0's.  One  symbol  stream  Is 
labelled  the  short  code,  and  the  other  stream  is  labelled  the  long  code, 
i.e.,  it  contains  the  bi's  (as  defined  in  Equation  (373)). 

Second,  data  bits  are  generated  at  random  with  equally  probable 
l's  and  0's.  These  are  added  to  every  kth  short  code  symbol  to  gener¬ 
ate  the  ni1'.  (as  defined  in  Equation  (373)).  Which  one  of  the  first 
k  short  code  symbols  Is  to  have  the  first  data  bit  added  to  it  is  de¬ 
termined  at  random  with  each  of  the  k  symbols  equally  probable. 

Third,  the  bi  and  ni  symbol  streams  are  converted  to  differential 
phase  shifts  by  the  modulation  method  shown  in  Table  6,  simulating  the 
actual  modulation  method.  The  Initial  previous  state  Is  chosen  at 
random  with  States  A  and  B  equally  probable. 

Step  2  Is  the  simulation  of  the  noise  added  to  the  signal  at  the 
differential  detector.  The  parameter  of  Interest  in  this  model  is  the 
angular  error  In  the  phase  of  the  chip  interval  signal  vectors  due  to 
noise  In  the  differential  detector.  As  discussed  In  Section  B,  the 
probability  density  function  for  this  phase  error  for  a  given  EA/N0  Is 
given  by 
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where 


1  f/2VNo  c05*  2 

QU.Ea/Nq)  ■  J  0  exp[-uz/2]  du  .  (343) 


This  probability  density  function  is  plotted  in  Figure  46  for  EA/Np 
between  1  and  4.  The  probability  distribution  function  for  this  phase 
I  error  is  then  given  by 

P(*/(Ea/n0))  =  f  P(X/(EA/N0))  dX  .  (375) 

*  *TT 


This  function  is  plotted  in  Figure  47  again  for  E^/No  between  1  and  4. 

For  the  simulation  it  is  desired  to  generate  phase  errors  for 
each  signal  vector  at  random,  with  the  phase  error  having  a  probability 
density  function  given  by  Equation  (342).  To  do  this,  a  subroutine  is 
used  that  generates  a  random  number  between  0  and  1  with  a  uniform  dis¬ 
tribution.  With  this  number  the  value  of  y  is  determined  for  which  the 
probability  distribution  function  as  given  in  Equation  (375)  is  equal 
to  the  generated  number.  By  this  method  the  values  of  ^  which  are 
generated  will  have  the  probability  density  function  of  Equation  (342). 

The  only  difficulty  in  the  above  procedure  Is  that  the  generation 
i  of  the  values  of  $  for  a  given  P(^/(E^/N0))  requires  the  Inverse  of 

Equation  (375)  to  be  determined.  To  accomplish  this  Equation  (375)  is 
first  evaluated  for  several  values  of  ^  with  a  given  value  of  EA/No- 
The  Inverse  function  of  \l>  versus  PWUa/Nq))  Is  then  approximated  by  a 
low  order  polynomial  using  the  least  squares  method.  A  three  piece, 
fourth  order  polynomial  approximation  determined  using  24  points  per 
i  piece  was  found  to  provide  a  good  approximation  to  the  Inverse  function. 

The  polynomial  coefficients  are  then  easily  used  to  compute  from  the 
value  of  P{*/(Ea/No))*  This  approximation  process  needs  only  to  be 
done  once  for  a  simulation  with  a  given  value  of  EA/N p.  Using  the 
’  above  method  a  phase  error  is  then  determined  for  eacn  signal  vector. 
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Step  3  is  the  simulation  of  the  differential  detector.  First, 
from  the  phase  error  for  each  chip  interval  signal  vector,  the  differ¬ 
ential  phase  shift  error  per  chip  interval  is  determined.  Second, 
this  differential  phase  shift  error  is  compared  to  the  decision  bound¬ 
aries  shown  in  Figure  37  to  determine  the  error,  if  any,  that  would  be 
made  by  the  differential  detector.  Third,  this  error  is  added  to  the 
differential  phase  shift  due  to  the  signal.  The  symbols  corresponding 
to  the  differential  phase  shifts  are  now  ready  for  processing  by  the 
detection  scheme.  It  can  be  seen  that  by  the  above  method  the  expected 
values  of  the  conditional  symbol  error  rates  in  the  differential  de¬ 
tector  are  the  same  as  those  given  in  Section  B. 

Step  4  is  the  simulation  of  the  detection  scheme.  First,  from 
the  symbols  corresponding  to  the  differential  phase  shifts,  the  long 
code  symbols  and  the  "1"  data  bits  are  determined  by  the  method  shown 
in  Table  8.  Second,  errors  in  the  detection  process  are  detected  as 
described  in  Section  0  by  determining  if  the  "1"  data  bits  omy  occur 
at  intervals  of  k  symbols,  where  k  is  the  spreading  ratio.  Third,  if 
an  error  is  detected,  the  detection  scheme  is  halted,  and  the  number 
of  symbols  detected  is  recorded.  It  should  be  noted  that  if  no  errors 
were  detected  in  n  long  code  symbols,  where  n  is  the  number  of  stages 
in  the  feedback  shift  register,  then  in  the  actual  acquisition  proce¬ 
dure  a  correlation  would  be  made  between  the  shift  register  output  and 
the  received  signal.  To  simulate  this  In  the  model,  if  no  errors  are 
detected  in  n  long  code  symbols,  a  correlation  trial  Is  recorded.  Then 
the  n  detected  long  code  symbols  are  compared  with  the  transmitted  sym¬ 
bols.  If  no  errors  In  the  detected  symbols  are  found,  then  a  comple¬ 
tion  of  acquisition  Is  recorded. 

To  determine  the  average  lockup  the  above  steps  are  repeated  for 
a  very  large  number  of  code  symbols.  The  number  of  symbols  detected, 
Nsd»  is  determined  along  with  the  number  of  correlation  trials,  Nct* 
and  the  number  of  successful  acquisitions,  N$a-  The  average  lockup 
time  is  then  given  by 

^Cn^PT'Trnw 

T  =  SP— -£-T — (in  Chip  intervals)  (376) 

acq  n$a 

where  Tcorr  is  the  correlation  time. 

The  results  of  the  computer  simulation  are  presented  in  Figure  48, 
which  shows  the  required  Ea/Nq  versus  shift  register  length  for  a  given 
average  long  code  lockup  time.  From  Figure  48  it  can  be  seen  that  for 
Ea/Nq  between  3  and  4  numeric,  synchronization  can  be  obtained  in 
30,000  chip  Intervals  or  less  for  codes  generated  from  40  to  50  stage 
shift  registers.  Thus,  very  long  codes  can  be  used  if  the  minimum 
E^/No  *t  least  5  to  6  dB.  This  restriction  on  E*/No  values  does  not 
decrease  the  range  of  the  adaptive  array,  however,  because  other  fact¬ 
ors  also  places  the  minimum  E^/Nq  value  in  this  range.  One  factor  is 
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AVERAGE  LOCKUP 


TIME  S500A  «IOOQA  « 3000 A 


Figure  48.  Required  Ea/Nq  versus  shift  register  length 
for  given  average  lockup  time,  with  a  cor¬ 
relation  time  of  10nA. 


the  required  energy  per  data  bit  to  noise  density  ratio,  which  must  be 
at  least  13  (numeric)  for  a  bit  error  probability  with  ideal  differ¬ 
ential  detection  on  the  order  of  10"6  (see  Section  B).  Since  data  is 
present  only  on  one  of  the  two  orthogonal  biphase  signals,  with  a 
spreading  ratio  of  10,  the  required  E^/Nq  is  about  2.6.  Since  timing 
jitter,  frequency  offset,  and  other  factors  may  degrade  the  differential 
detector  performance  in  an  actual  system,  an  even  higher  E^/No  may  be 
required  to  get  the  same  bit  error  probability.  Thus,  from  Figure  48 
it  can  be  seen  that  using  the  acquisition  procedure,  the  timing  for  very 
long  codes  can  be  quickly  acquired  without  any  sacrifice  in  array  per¬ 
formance. 
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In  Figure  48  the  spreading  ratio  was  equal  to  10.  Computer  simu¬ 
lation  has  shown  that  these  results  do  not  vary  significantly  with  f 

spreading  ratio  for  the  spreading  ratio  in  the  range  from  5  to  20. 

Thus,  the  results  of  Figure  48  can  be  used  in  most  cases. 

Also  in  Figure  48  the  correlation  time  was  equal  to  lOn  chip 
intervals.  The  effect  on  the  acquisition  time  of  the  correlation  time 
is  examined  below.  In  Equation  (376)  it  can  be  seen  that  the  effect  of  f 

the  correlation  time  is  dependent  on  ratio  of  the  number  of  symbols 
detected  to  the  number  of  correlation  trials.  For  the  range  of  para¬ 
meters  in  Figure  48,  the  simulation  has  shown  that  this  ratio  has  an 
average  of  about  lOn  for  all  cases,  but  varies  by  as  much  as  a  factor 
of  5  for  individual  cases.  The  effect  of  varying  the  correlation  time 
Is  illustrated  in  Figures  49  through  51.  For  these  figures,  with  the  f 

correlation  time  given  by 


corr 


=  MnA 


(361) 


M  is  varied  from  5  to  40.  It  can  be  seen  that  for  EA/N0  between  3  and 
4,  and  n  about  40,  increasing  M  from  5  to  40  increases  the  average 
lockup  time  only  a  small  amount. 

The  results  of  this  section  can  be  compared  to  the  results  of 
Section  C  for  the  approximate  model.  In  comparing  Figure  43  to  the 
figures  in  this  part,  it  can  be  seen  that  the  simulation  shows  that  the 
lockup  time  Is,  In  general,  several  times  faster  than  that  predicted 
with  the  approximate  model.  However,  the  results  of  Section  C  can 
still  be  used  to  obtain  a  rough  idea  of  the  acquisition  performance. 

In  this  simulation  study  the  probability  of  acquisition  in  a 
given  time  was  not  considered.  Such  an  analysis  would  require  many 
times  more  simulation  runs  and,  thus,  be  very  time  consuming.  There¬ 
fore,  the  results  of  Section  C  will  be  used  to  approximate  the  proba¬ 
bility  of  acquisition  in  a  given  time  (see  Chapter  XI). 
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Figure  49.  Required  EA/N0  versus  shift  register  length 
for  given  average  lockup  times,  with  a 
correlation  time  of  5n&. 
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Figure  50.  Required  Ea/N0  versus  shift  register  length 
for  given  average  lockup  times,  with  a 
correlation  time  of  20na. 
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Required  E&/N0  versus  shift  register  length 
for  given  average  lockup  times,  with  a 
correlation  time  of  40n&. 


CHAPTER  IX 


THE  LONG  CODE 


A.  Introduction 


In  this  chapter  the  long  code  in  the  four-phase  comnunication 
system  is  examined.  The  properties  which  the  long  code  must  have 
to  make  the  system  more  secure  against  effective  smart  jamming 
while  allowing  for  rapid  timing  acquisition  using  the  method 
described  in  Chapter  VIII  are  considered  here.  As  will  be  shown, 
the  security  of  the  system  is  dependent  on  the  length  of  the 
long  code  and  the  method  by  which  the  code  is  generated.  Also, 
to  assure  rapid  acquisition  the  code  must  have  certain  correlation 
properties.  First  to  be  analyzed  is  the  necessary  length  of  the 
code.  Next,  a  problem  associated  with  the  security  of  linearly 
generated  codes  is  examined.  The  advantage  of  nonlinear  codes  is 
then  considered.  Finally,  the  correlation  properties  of  codes  are 
discussed. 

B.  Code  Length 

One  advantage  of  using  a  long  code  to  generate  the  reference  sig¬ 
nal  in  an  adaptive  array  is  that.  If  the  code  period  is  long  enough,  a 
repeat  jamner,  even  with  a  variable  transmission  delay,  may  not  be 
effective.  The  reason  for  this  is  as  follows.  First,  if  the  repeat 
jammer  remodulates  and  retransmits  the  four  phase  desired  signal,  then 
the  code  and  the  signal  will  be  changed  In  such  a  way  that  the  adaptive 
array  will  treat  the  repeat  jammer's  signal  as  interference  (see  Chap¬ 
ter  X).  Therefore,  consider  the  case  where  the  jammer  retransmits  the 
desired  signal,  unchanged,  at  a  later  time.  First  assume  the  time  de¬ 
lay  between  the  desired  and  repeated  signal  is  greater  than  one  chip 
Interval  (a  reasonable  assumption,  see  Chapter  X).  If  the  delay  is 
less  than  the  long  code  acquisition  time  and  the  receiver  considers  the 
repeated  signal  as  the  desired  signal,  then  this  received  signal  can  be 
effectively  used  by  the  system.  If  the  delay  Is  greater  than  the  long 
code  acquisition  time,  then  the  array  will  treat  the  repeated  signal  as 
Interference  so  long  as  the  delay  Is  different  from  a  multiple  of  the 
long  code  period.  Thus,  the  code  must  be  sufficiently  long  so  that  a 
repeat  jammer  could  never  retransmit  a  signal  with  the  same  code  timing 
as  the  desired  signal. 


Such  a  code  could  have  a  period  of  one  year,  and  the  code  could 
be  changed  once  a  year  so  that  it  never  repeats.  For  example,  on  a 
one  megabit  per  second  communication  link,  the  code  length  would  need 
to  be  about  3  x  10^.  Thus,  if  a  maximal  length  feedback  shift  regis¬ 
ter  were  used  to  generate  the  code,  it  would  have  to  be  45  stages  long 
(245_i  =  3  x  1013).  Much  shorter  codes  could  actually  be  used  because 
the  probability  of  a  repeat  jammer  determining  that  a  very  long  code 
is  repeating  is  small.  Thus,  the  required  communication  security  may 
even  be  achieved  with  a  billion  symbol  code  (generated  by  a  thirty 
stage  shift  register). 


f.  Code  Structure 


Next  consider  the  topic  of  code  structure  or  how  the  code  is 
generated.  If  the  code  is  long  enough  so  that  the  repeat  jammer  is 
ineffective,  then  to  be  effective,  the  smart  jammer  must  be  able  to 
generate  a  signal  with  the  same  long  code  as  the  desired  signal  and 
with  tha  same  timing  at  the  receiver.  It  can  then  use  this  signal  to 
jam  the  system.  This,  however,  requires  the  smart  jammer  to  be  able 
to  accomplish  a  great  deal.  First,  it  must  be  able  to  separate  the 
long  code  symbols  and  the  short  code  with  data  symbols  in  the  desired 
signal.  This  may  be  possible  because  the  two  signals  containing  these 
symbols  are  orthogonal.  Second,  the  jammer  must  know  that  a  long  and 
a  short  code  are  involved  in  the  system  and  that  a  knowledge  of  the 
long  code  and  its  timing  will  aid  in  effective  jamming.  Third,  the 
jammer  must  be  able  to  determine  which  is  the  long  code.  But  most 
important,  the  jammer  must  be  able  to  determine  the  long  code  and  its 
timing. 

If  the  code  is  very  long,  the  ability  of  the  jammer  to  determine 
the  code  and  its  timing  depends  on  the  code  structure.  That  is,  the 
jammer  must  be  able  to  determine  the  code  and  its  timing  from  a  short 
sequence  of  code  bits.  Although  for  a  very  long  code  this  may  seem 
to  be  very  difficult,  this  is  exactly  what  the  adaptive  array  receiver 
is  doing  to  acquire  the  long  code  timing  (see  Chapter  VIII).  The  ad¬ 
vantage  the  receiver  has  over  the  smart  jammer  in  determining  the  pro¬ 
perly  timed  code  is  a  knowledge  of  the  number  of  stages  in  the  shift 
register  and  the  feedback  connections.  The  smart  jammer,  on  the  other 
hand,  may  be  in  a  position  to  detect  the  code  symbols  with  a  very  low 
bit  error  rate,  while  the  receiver  may  have  to  operate  with  a  much 
higher  bit  error  rate  (such  as  in  satellite  communication  systems). 
Thus,  the  code  must  be  generated  in  such  a  way  that  without  any  know¬ 
ledge  of  the  feedback  shift  register  the  jammer  cannot  determine  the 
code  and  its  timing,  even  with  the  correct  code  symbols.  However,  the 
code  must  also  be  generated  in  such  a  way  that  the  receiver  can  acquire 
the  code  timing  in  the  required  time. 

With  respect  to  the  above  criteria,  consider  codes  generated  from 
linear  feedback  shift  registers.  At  the  receiver  the  time  to  acquire 
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long  code  timing  is  based  in  part  upon  the  number  of  shift  register 
stages  (see  Chapter  VIII).  Thus,  the  number  of  stages  will  be  limited 
to  some  maximum  value,  the  receiver  is  only  required  to  determine  cor¬ 
rectly  a  sequence  of  bits  equal  in  number  to  the  shift  register  length 
to  obtain  code  timing.  The  jammer,  on  the  other  hand,  must  determine 
the  code  and  its  timing  without  a  knowledge  of  the  shift  register 
length  or  feedback  connections.  One  method  the  jammer  can  use  is  to 
check  each  one  of  several  shift  register  lengths  to  see  if  linear  feed¬ 
back  connections  exist  which  generate  the  code.  The  method  to  do  this 
is  described  below  as  taken  from  [26]. 

The  equation  for  a  linear  feedback  shift  register  of  length  n 
may  be  given  by 


s(i+l)  =  A  s(i)  (377) 


where  s(i)  is  an  n  dimension  column  vector  containing  the  bits  in  the 
shift  register  at  time  i,  and  A  is  an  n  x  n  matrix  for  the  shift 
register.  If, 


x(l)  -  [s(l)  s(2)  ...  s(n)]  ,  (378) 


and 


x(2)  =  [s(2)  s (3)  •••  s(n+l )]  (379) 


then 


A  =  x(2)  [x(l)]"1  modulo  2  ,  (380) 


if  X(l)"1  exists. 

It  is  noted  in  [26]thatx(l)  is  nonsingular  for  any  maximal  length 
shift  register  sequence.  For  a  linear  feedback  shift  register  with 
feedback  connections  only  to  the  first  stage  (as  required  for  long 
code  acquisition,  see  Chapter  VIII),  the  location  of  l's  in  the  first 
row  of  A  gives  the  location  of  the  feedback  connections.  This  is 
illustrated  in  Figure  52.  Thus,  only  2n  code  symbols  need  to  be  used 
In  determining  the  code. 

The  jammer  would,  therefore,  determine  an  A  matrix  for  values  of 
n  starting  at  a  small  number  and  increasing  until  an  A  matrix  was 
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Figure  52.  A  five  stage  linear  feedback  shift  register 
and  its  corresponding  A  matrix. 


found  which  led  to  a  code  which  matched  the  long  code.  Because  the 
value  of  n  used  in  the  system  is  limited  (from  Chapter  VIII »  a  value 
of  n  greater  than  50  would  be  impractical  in  most  systems),  the  number 
of  trials  the  jammer  would  have  to  make  is  not  excessive.  The  time 
consuming  part  of  the  process  is  computing,  for  each  n,  [x(l)]"1  in 
Equation  (380),  for  which  at  most  on  the  order  of  n3  computer  opera¬ 
tions  are  required.  The  total  number  of  operations  required  In  the 
jammer's  search  for  the  type  of  linear  feedback  shift  register  used 
by  the  system  for  various  values  of  n  is  shown  in  Table  9.  Note  that 
even  with  a  microprocessor  with  an  instruction  time  of  1  nsec,  the 
jammer  could  determine  the  length  of  the  long  code's  linear  feedback 
shift  register  and  its  feedback  connections  in  a  short  amount  of  time. 
The  jammer  is  then  only  required  to  detect  n  code  symbols  to  generate 
a  code  with  the  proper  timing  to  defeat  the  system. 

The  use  of  nonlinear  logic  in  the  feedback  shift  register  can 
drastically  decrease  the  probability  of  the  determination  of  the  code 
by  the  smart  jammer.  With  nor.l inear  feedback  logic  (that  Is,  logic 
that  uses  other  than  just  exclusive-or  operations)  the  procedure 
described  before  cannot  be  used  to  determine  the  taps  from  just  2n 
code  symbols.  However,  the  output  of  a  feedback  shift  register  with 
nonlinear  logic  can  always  be  generated  from  a  shift  register  with 


Table  9 


Number  of  Computer  Operations  Required  for  a  Smart  Jammer  to 
Determine  the  Length  and  Linear  Feedback  Connections 
of  the  Shift  Register  Used  to  Generate  the 
Long  Code  for  Various  Values  of 
Shift  Register  Length 


Shift  register  length 
used  In  generating  long 
code 

(n) 

Number  of  computer  oper¬ 
ations  required  In  search 
for  determining  correct 

A  matrix 

(£-) 

5 

225 

10 

3025 

15 

14,400 

20 

44,100 

25 

105,625 

30 

216,225 

35 

396,900 

40 

672,400 

45 

1,071,225 

50 

1,625,625 
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linear  feedback.  Up  to  a  2n-l  length  linear  feedback  shift  register 
may  be  required,  though.  The  Berl ekamp-Massey  algorithm  [27,28]  can  be 
used  to  find  the  minimum  length  linear  feedback  shift  register  which 
generates  a  given  nonlinearly  generated  code.  Thus,  although  the 
method  discussed  before  for  determining  the  code  length  and  feedback 
taps  for  linearly  generated  codes  could  be  used  by  the  jammer,  the 
proper  use  of  nonlinear  logic  can  make  this  process  far  too  time  con¬ 
suming.  Hence,  a  very  secure  code  can  be  generated  with  a  shift  regis¬ 
ter  with  a  snail  number  of  stages  (usually  less  than  50).  The  number 
of  computer  operations  required  for  the  jammer  to  determine  a  code 
which,  although  generated  by  nonlinear  feedback  logic  in  an  n  stage 
shift  register,  requires  an  m  stage  shift  register  with  linear  feedback 
to  generate  it,  is  given  by  (using  the  same  analysis  as  in  Table  9, 
with  [18]) 

^  (I3)  =  .  (381) 

For  example,  if  m  is  equal  to  20,000  a  bank  of  1000  micropro¬ 
cessors  with  an  instruction  time  of  1  usee  would  take  about  1  year  to 
determine  the  code.  Such  a  value  of  m  could  theoretically  be  achieved 
using  nonlinear  logic  with  shift  registers  of  a  length  of  only  16  or 
greater.  Thus,  the  possibility  exists  for  generating  very  secure  codes 
with  a  small  number  of  shift  register  stages. 

For  the  long  code  acquisition  method  to  work,  the  nonlinear  code 
must  be  generated  with  a  shift  register  whose  only  feedback  is  to  the 
first  stage.  Nonlinear  codes  of  this  type  are  described  in  [29].  An 
example  of  this  type  of  code  is  given  below.  The  nonlinear  code  con¬ 
sidered  is  given  by 

ak  *  ak-31©ak-6®ak-21©  (ak-8^ak-6) 

©  (ak-8^ak-21^©  ^ak-6  ®  ak-21^  »  (382' 

where  a.  Is  the  kth  code  symbol , 0 represents  an  exclusive-or  operation 
and  O  represents  the  and  operation.  The  31  stage  shift  register  and 
the  nonlinear  feedback  logic  to  generate  this  code  are  shown  in  Figure 
53.  From  [29,  p.  159],  it  is  seen  that  this  code  has  length  2,146, 
670,359  (when  the  shift  register  Is  initially  loaded  with  Vs).  This 
Is  very  close  to  the  maximum  length  code  that  can  be  generated  from  a 
31  stage  shift  register  which  Is  231  -  1  or  2,147,483,647.  Thus,  very 
long  nonlinear  codes  can  be  easily  generated  from  short  length  shift 
registers.  However,  although  many  different  nonlinear  codes  are  des¬ 
cribed  In  [29],  it  may  require  considerable  effort  to  find  other  non¬ 
linear  codes  which  are  both  very  long  and  generated  from  a  short  length 
shift  register. 
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Figure  53.  The  feedback  shift  register  needed  to 
generate  the  nonlinear  code  given  by 
Equation  (382). 


D.  Code  Properties 

The  next  topic  to  be  considered  Is  the  properties  that  the  long 
code  must  have  to  assure  rapid  acquisition  of  the  code  timing  using  the 
method  described  in  Chapter  VIII.  Since  very  long  codes  are  used  in 
the  system,  the  correlation  in  the  acquisition  procedure  can  only  be 
made  over  a  short  segment  or  subsequence  of  the  code.  Thus,  there  may 
be  a  high  degree  of  correlation  between  the  received  signal  and  the 
code  generated  at  the  receiver  when  the  code  timing  is  in  error.  This 
will  Increase  the  probability  of  acquiring  the  wrong  code  timing  and, 
therefore.  Increase  the  acquisition  time.  The  long  code  must,  there¬ 
fore,  be  designed  to  have  as  small  as  a  subsequence  cross- correlation 
as  possible. 

Designing  feedback  shift  registers  which  generate  codes  with  low 
subsequence  cross-correlation  Is  extremely  difficult.  In  general,  num¬ 
erous  codes  would  be  examined  and  the  code  with  the  lowest  subsequence 
cross -correlation  chosen  for  use  In  the  system.  In  [6],  [30],  [31], 
and  [32]  this  problem  Is  examined  and  codes  are  found  by  trial  and  error 
which  have  low  subsequence  cross- correlation.  To  analyze  the  subsequence 
cross-correlation  for  a  given  code  (that  Is,  to  determine  Its  probability 
density  function)  It  Is  necessary  to  find  the  cross-correlation  for 
all  possible  cases.  However,  for  linear  codes,  as  shown  In  [32],  it 
Is  only  necessary  to  determine  the  probability  density  function  of 
the  number  of  1 's  for  the  consecutive  Mn  code  symbols  to  determine  the 
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subsequence  cross-correlation  probability  density  function.  Here,  Mn 
Is  the  correlation  time  In  code  symbols.  This  probability  density  func 
tlon  can  be  used  to  choose  the  correlation  time  so  that  with  a  given 
correlation  threshold  value  the  probability  of  acquiring  the  wrong  code 
timing  and  the  probability  of  missing  the  correct  code  timing  is 
acceptable.  This  problem  is  further  considered  in  [32].  It  should  be 
noted  that  the  probability  density  function  of  the  subsequence  cross¬ 
correlation  is  different  for  each  value  of  correlation  time  which  com¬ 
plicates  the  choosing  of  a  correlation  time.  Also  for  nonlinear  codes 
such  an  analysis  is  quite  involved. 

The  long  code  used  in  the  system  should,  therefore,  have  a  very 
long  period,  have  good  subsequence  correlation  properties,  and  be 
generated  with  nonlinear  feedback  logic  with  a  short  length  shift  reg¬ 
ister  which  requires  a  very  long  length  shift  register  with  linear  feed¬ 
back  logic  to  generate  the  same  code.  It  is  very  difficult,  though,  to 
design  the  shift  register  with  feedback  logic  to  generate  such  a  code. 
References  [6]  and  [26]  through  [32]  give  some  insight  Into  how  codes 
may  be  analyzed  for  the  desired  properties,  but  no  Insight  Is  given 
to  how  to  easily  find  the  codes  with  these  properties.  Thus,  unfor¬ 
tunately,  a  very  long  and  exhaustive  study  of  numerous  codes  would  be 
necessary  to  find  even  a  few  codes  with  good  properties.  This  has  not 
been  done  in  this  paper,  but  such  a  study  could  be  made  later  if  it 
was  needed. 

If  only  codes  generated  with  linear  feedback  logic  are  considered, 
very  long  codes  with  good  subsequence  correlation  properties  can  be 
found  without  too  much  difficulty  (see  reference  [27]).  These  codes 
still  provide  some  protection  against  smart  jammers  and  they  (In 
particular,  pseudonoise  codes)  are  considered  In  the  experimental 
setup  In  Chapter  XI. 


CHAPTER  X 


JAMMER  EFFECTS 


A.  Introduction 

In  this  chapter  the  effect  that  various  types  of  jamming  would 
have  on  the  four-phase  communication  system  with  an  adaptive  array  Is 
considered.  The  discussion  expands  upon  that  presented  In  Chapter  V. 
Smart  jamming  techniques  are  emphasized.  Two  different  times  are  con¬ 
sidered  when  jamming  may  occur.  These  are  the  time  during  the  acquisi¬ 
tion  of  the  signal  by  the  adaptive  array  and  the  time  after  acquisition. 
The  types  of  jammers  to  be  considered  are  conventional  jammers  (l.e., 
tone  and  noise  jammers),  repeat  jammers  with  and  without  remodulation, 
and  jammers  using  only  the  short  code.  The  effect  of  these  jammers  Is 
described  below. 


B.  Conventional  Jamners  and  Repeat  Jammers 
Without  Remodulation 


The  first  type  of  jamming  to  be  considered  Is  conventional  jam¬ 
ming.  As  shown  In  Chapter  IV,  the  performance  of  the  adaptive  array 
during  and  after  acquisition  Is  not  significantly  different  for  the 
four-phase  system  as  compared  to  the  biphase  system  (not  considering 
smart  jammers).  The  only  difference  for  the  four-phase  system  Is  a 
three  decibel  reduction  In  the  weight  values  and  a  constant  error  signal 
in  the  feedback  circuitry.  This,  however,  will  have  a  negligible  effect 
on  the  array  performance  with  conventional  jamming.  Thus,  It  can  be 
seen  that  the  four-phase  system  will  have  the  same  capability  to  defeat 
conventional  jamming  as  the  biphase  system. 

The  next  jammer  type  to  be  considered  Is  the  repeat  jammer  with¬ 
out  remodulation.  During  acquisition  the  adaptive  array  is  as  likely 
to  acquire  a  repeat  jammer  signal  as  to  acquire  the  desired  signal. 
However,  since  the  repeated  signal  Is  not  remodulated,  the  adaptive 
array  can  use  the  repeated  signal  in  place  of  the  desired  signal. 

After  acquisition  of  the  desired  signal,  with  the  long  code  being 
used  to  generate  reference  signal,  a  repeat  jammer  will  be  treated  as 
conventional  Interference  unless  the  long  code  timing  of  the  repeated 
signal  Is  the  same  as  that  of  the  desired  slanals.  That  Is,  to  be 


effectlve.the  repeated  signal  must  be  delayed  by  a  multiple  of  the  long 
code  period.  As  discussed  In  Chapter  IX,  such  a  delay  would  be  extremel 
difficult  to  achieve  or  even  Impossible  If  the  long  code  never  repeats. 
Thus,  a  repeat  jammer  without  remodulatlon  will  not  effect  the  system. 


C.  Repeat  Jammers  With  Remodulatlon 

A  repeat  jammer  with  remodulatlon  will  now  be  considered.  Since 
the  system  uses  four-phase  differential  phase  shift  keying,  the  type  of 
remodulation  to  be  studied  is  that  which  adds  additional  phase  shifts 
to  the  ignal.  The  Intent  of  the  jammer  Is  then  to  change  the  data 
while  allowing  the  repeated  signal  to  still  be  acquired  and  tracked 
by  the  adaptive  array. 

In  a  biphase  communication  system  remodulation  of  the  signal  by 
adding  180°  phase  shifts  at  a  rate  equal  to  or  less  than  the  desired 
signal  data  rate  results  in  a  signal  which  can  still  be  acquired  by 
the  adaptive  array,  although  the  data  is  changed.  Thus,  effective 
jamming  can  be  achieved  in  biphase  systems  with  this  method.  However, 
if  the  remodulatlon  rate  is  much  greater  than  the  desired  signal  data 
rate,  then  the  repeated  signal  would  be  greatly  attenuated  by  the  band¬ 
pass  filters  In  the  delay  lock  loop  and  the  reference  loop.  Therefore, 
the  repeated  signal  would  not  be  acquired  by  the  adaptive  array  for 
high  remodulatlon  rates.  Thus,  the  jamner  must  be  able  to  approximate¬ 
ly  determine  the  data  rate.  For  the  biphase  system,  since  the  short 
code  repeats  frequently,  it  is  easy  for  the  jammer  to  examine  the 
signal  and  determine  the  rate  at  which  the  code  bits  are  changed;  i.e., 
to  determing  the  data  rate. 

For  the  four-phase  communication  system  the  remodulatlon  by  the 
jammer  could  consist  of  the  addition  of  180,  90,  or  -90  degree  phase 
shifts  to  the  desired  signal.  With  such  a  scheme,  the  remodulatlon 
will  appear  on  the  short  code  as  additional  data  bits.  Since  the  short 
code  on  the  four-phase  signal  is  acquired  In  the  same  manner  as  the 
code  on  the  biphase  signal,  the  short  code  timing  on  a  repeated  signal 
may  also  be  acquired  by  the  adaptive  array  If  the  remodulatlon  rate  is 
equal  to  or  less  than  the  data  rate  of  the  desired  signal.  However, 
for  the  four-phase  signal  it  is  much  more  difficult  for  the  jammer  to 
determine  the  data  rate  because  the  desired  signal  contains  two  codes. 
Thus,  a  jammer  may  only  be  able  to  guess  at  the  data  rate  with  the 
chance  of  choosing  the  rate  too  high. 

It  should  be  noted  that  the  repeated  signal  and  the  desired  sig- 
anl  are  equally  likely  to  have  their  short  codes  acquired  by  the  adap¬ 
tive  array.  Whichever  signal  does  not  have  its  short  code  timing  ac¬ 
quired  Is  then  nulled  by  the  adaptive  array.  If  the  remodulated 
repeated  signal  short  code  timing  Is  acquired,  then  erroneous  data  wll 
be  received.  Thus,  the  desired  signal  would  be  effectively  jammed  in 


a  biphase  system.  However*  in  the  four-phase  system  the  long  code 
timing  must  still  be  acquired,  and  this  is  unlikely  to  occur  for  the 
repeated  signal  with  remodulation  as  explained  below. 

If  the  long  code  has  been  changed  or  is  not  present  on  the 
received  signal,  long  code  timing  may  not  be  acquired  in  a  short  time. 

To  be  discussed  now  is  what  happens  if  the  long  code  timing  is  not 
obtained  in  a  given  time  (chosen  by  the  system  designer).  That  time 
is  the  time  for  which  the  long  code  timing  would  be  acquired  with  a 
given  probability  if  the  unchanged  long  code  was  present  on  the  received 
signal  (see  Section  VIII-C).  This  probability  would  normally  be 
high,  say  99. 9%.  Therefore,  if  the  long  code  timing  is  not  obtained 
in  this  time  it  would  be  assumed  at  the  receiver  that  the  received 
signal  does  not  contain  the  unchanged  long  code  and,  therefore,  is  not 
the  desired  signal. 

As  discussed  in  Chapter  V,  the  adaptive  array  will  then  begin  to 
null  the  signal  for  which  long  code  synchronization  was  not  achieved  and 
try  to  acquire  another  signal  containing  the  short  code.  To  accom¬ 
plish  this,  the  slew  voltage  is  turned  on  in  the  delay  lock  loop  (which 
is  tracking  the  short  code  timing)  and  the  short  code  timing  is,  there¬ 
fore,  changed  from  that  of  the  previously  acquired  signal.  The  slew 
voltage  is  held  on  long  enough  to  change  the  short  code  timing  at 
least  two  code  symbols,  and  then  the  short  code  timing  acquisition  pro¬ 
cedure  is  started.  This  ensures  that  the  delay  lock  loop  will  not 
lockup  on  the  short  code  of  the  same  signal  until  it  has  examined  all 
other  possible  short  code  timings  (i.e.,  has  tried  to  find  all  other 
signals  containing  the  short  code).  Thus,  the  adaptive  array  will  con¬ 
tinuously  search  for  a  signal  with  the  short  code  plus  an  unchanged 
long  code,  which  is,  presumably,  the  desired  signal. 

Several  methods  of  remodulation  will  now  be  discussed  to  deter¬ 
mine  if  it  is  possible  to  change  the  data  without  changing  the  long 
code.  First  to  be  considered  Is  biphase  modulation.  As  can  be  seen 
from  Table  6,  if  an  additional  180°  phase  shift  is  added  to  the  signal 
both  the  long  code  symbol,  bm,  and  the  short  code  plus  data  symbol,  t^, 
are  changed.  Since  the  long  code  symbols  are  changed  it  Is  unlikely 
that  the  long  code  shift  register  will  be  loaded  properly  and  long  cod? 
synchronization  obtained  in  the  required  time.  Therefore,  as  discussed 
before,  the  adaptive  array  would  null  the  repeated  signal  with  biphase 
remodulation  and  search  for  the  desired  signal . 

Another  type  of  remodulation  to  be  considered  Involves  the  use  of 
plus  or  minus  90°  phase  shifts.  As  can  be  seen  In  Table  6,  If  a  "1" 
bit  changes  the  short  code  plus  data  symbol,  nm»  an  additional  plus  or 
minus  90°  phase  shift  occurs.  Therefore,  the  only  way  to  change  the 
data  but  not  the  long  code  Is  to  add  plus  or  minus  90°  phase  shifts  to 
the  signal.  However,  both  the  long  code  symbol  and  the  previous  phase 
or  state  determine  whether  a  "1"  data  bit  will  cause  a  plus  or  minus 
90°  phase  shift.  Thus,  unless  the  Jammer  is  very  sophisticated  and 


understands  the  type  of  system  being  used.  It  must  guess  at  whether  a 
plus  or  minus  90°  phase  shift  should  be  added.  If  the  wrong  phase 
shift  Is  used,  though,  as  can  be  seen  In  Table  6,  the  long  code  symbol 
will  be  changed.  That  Is,  a  plus  or  minus  90°  additional  phase  shift 
Is  as  likely  to  change  only  the  data  as  It  Is  to  change  the  long  code 
symbol.  Thus,  even  with  plus  or  minus  90°  remodulation,  it  is  unlikely 
that  the  long  code  shift  register  will  be  loaded  properly  and  long  code 
synchronization  obtained  if.  the  required  time.  Therefore,  as  discussed 
before,  the  adaptive  array  will  null  the  repeated  signal  with  plus  or 
minus  90°  remodulation  and  search  for  the  desired  signal. 

As  discussed  in  considering  the  repeat  jammer  with  remodulation, 
it  is  unlikely  that  long  code  synchronization  could  be  obtained  in  the 
required  time.  It  is  possible  for  synchronization  to  occur,  however, 
if  the  remodulation  does  not  occur  during  the  interval  in  which  the 
long  code  symbols  are  being  detected.  It  should  be  noted  that  the 
jammer  has  no  way  of  determining  when  the  long  code  symbols  are  being 
detected  and,  thus,  would  only  be  lucky  if  there  were  no  remodulation 
during  this  period. 

Although  it  is  unlikely  for  the  long  code  synchronization  to  be 
obtained  for  the  remodulated  signal,  what  would  happen  if  synchroni- 
zation  did  occur  will  now  be  examined.  Once  synchronization  is 
obtained,  the  long  code  is  used  to  generate  the  reference  signal,  as  dis¬ 
cussed  in  Chapter  V.  Since  data  (or  changed  long  code  symbols)  are  not 
present  on  the  long  code  for  the  desired  signal,  the  bandwidth  of  the 
filter  in  the  reference  loop  is  on  the  order  of  the  frequency  uncer¬ 
tainty  of  the  received  signal.  Therefore,  the  filter  bandwidth  is  much 
less  than  the  data  bandwidth.  If  the  jammer  remodulates  the  desired 
signal,  then  the  bandwidth  of  this  signal  after  mixing  with  the  long 
code  will  be  wider  than  the  bandwidth  of  the  filter.  Thus,  the  signal 
will  become  distorted  by  the  reference  loop  filter.  The  generated 
reference  signal  w1?7,  therefore,  become  uncorrelated  with  the  received 
signal,  resulting  in  the  nulling  of  this  signal  by  the  adaptive  array. 
Long  code  timing  will  then  be  lost  by  the  delay  lock  loop.  As  stated 
in  Chapter  V,  when  the  long  code  is  no  longer  synchronized  at  the 
receiver,  the  entire  signal  acquisition  procedure  is  started  again. 
Therefore,  even  in  the  unlikely  event  that  the  long  code  synchroniza¬ 
tion  is  obtained  for  a  repeated  signal  with  remodulation,  the  adaptive 
array  would  not  be  able  to  maintain  synchronization  and  would  search 
for  the  desired  signal. 

After  acquisition  of  the  desired  signal  by  the  adaptive  array, 
the  repeat  jammer  with  remodulation,  like  the  repeat  jammer  without 
remodulation  discussed  before,  will  have  no  effect  on  the  system. 
Therefore,  repeat  jammers  with  remodulation  may  Increase  the  acquisi¬ 
tion  time,  but  they  cannot  prevent  the  acquisition  of  the  four-phase 
signal . 
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Another  type  of  jammer  is  one  that  uses  only  the  short  code  on  a 
biphase  signal.  It  should  be  noted  that  it  may  be  difficult  for  a 
jammer  to  determine  the  short  code  since  the  modulation  scheme  of  the 
desired  signal  uses  both  the  short  code  and  the  long  code.  If  the 
short  code  was  determined,  however,  a  jammer  could  generate  a  biphase 
signal  with  this  code  to  jam  this  system.  This  jamming  signal  would 
then  be  as  likely  to  be  acquired  by  the  adaptive  array  as  the  desired 
signal.  As  before,  though,  since  the  long  code  would  not  be  present  on 
this  signal,  a  short  period  after  the  acquisition  of  this  signal,  the 
adaptive  array  would  null  this  signal  and  begin  searching  for  the  de¬ 
sired  signal.  Thus,  this  type  of  jamming  would  not  be  effective. 

After  acquisition  of  the  desired  signal,  since  the  adaptive  array 
uses  the  long  code  to  generate  the  reference  signal,  a  jamming  signal 
containing  only  the  short  code  will  be  treated  the  same  as  conventional 
jamming.  Thus,  a  jammer  using  the  short  code  on  a  biphase  signal  would 
not  be  effective  after  acquisition. 

In  conclusion,  conventional  jamming  will  have  the  same  effect 
on  the  four-phase  system  as  it  had  on  the  biphase  system,  i.e.,  it  will 
be  sufficiently  reduced  in  most  cases.  Most  important,  though,  is  the 
fact  that  repeat  jamming  with  remodulation  cannot  jam  the  four-phase 
system  like  it  could  in  the  biphase  system.  It  may  in  some  instances 
Increase  the  acquisition  time,  however. 


CHAPTER  XI 


AN  EXPERIMENTAL  SYSTEM 


A.  Introduction 


In  this  chapter  an  experimental  system  is  described  and  experi¬ 
mental  results  are  discussed  to  verify  the  feasibility  of  the  four- 
phase  communication  system  with  an  adaptive  array.  In  Section  B  de¬ 
sign  parameters  for  the  system  are  determined  using  the  results  from 
Chapters  VI  through  IX.  In  Section  C  block  diagrams  and  circuit 
schematics  are  developed  for  the  system.  Finally,  in  Section  D  exper¬ 
imental  results  are  shown  and  discussed. 

B.  Design  Parameters 

In  this  section  the  design  parameters  are  determined  for  an 
experimental  four-phase  communication  system  with  an  adaptive  array. 

The  system  developed  uses  an  adaptive  array  that  was  previously  built 
for  use  In  a  biphase  communication  system  [33].  Thus,  some  of  the  ‘ 
design  parameters  have  already  been  set  for  the  four-phase  system,  and 
these  parameters  are  discussed  first  in  this  part.  Next,  several  per¬ 
formance  requirements,  such  as  the  maximum  signal  acquisition  time, 
are  chosen  arbitrarily  for  the  system.  These  parameters  are  the  per¬ 
formance  specifications  that  would  typically  be  determined  by  the  sys¬ 
tem  application.  The  remaining  design  parameters  are  then  determined 
from  the  above  parameters  using  the  results  of  Chapters  VI  through  IX. 
Finally,  the  design  parameters  determined  in  this  section  are  shown 
In  Table  10. 

The  experimental  system  developed  uses  an  adaptive  array  which 
was  built  previously  for  use  in  a  biphase  communication  system.  This 
adaptive  array  Is  described  in  [33].  A  delay  lock  loop,  long  code 
acquisition  circuitry,  and  control  logic  were  added  to  this  adaptive 
array  to  modify  it  for  use  in  the  four-phase  system.  However,  the 
filters  used  In  this  array  were  not  changed.  Because  these  filters 
were  designed  for  use  with  certain  code  and  data  rates,  these  rates 
were  kept  the  same  for  the  four-phase  system.  The  code  rate  was, 
therefore,  175.2  x  10^  code  symbols  per  second.  With  a  spreading  ratio 
of  16,  the  data  rate  is  then  10.95  x  103  data  symbols  per  second. 

These  values  have  been  found  to  be  satisfactory  for  the  four-phase 
system. 
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The  analysis  of  Chapters  VI  through  IX  shows  that  there  are  r 

numerous  tradeoffs  involved  among  the  design  parameters.  This  greatly 
complicates  the  design  problem  for  an  arbitrary  system.  In  a  typical 
design  problem,  however,  many  of  these  design  parameters  would  be  set 
by  the  performance  requirements  of  the  system,  allowing  for  the 
straightforward  calculation  of  the  remaining  parameters.  Therefore, 
for  this  experimental  system,  several  performance  requirements  were  s 

set  arbitrarily  or  for  convenience  to  illustrate  a  typical  design 
analysis. 

One  such  performance  requirement  is  the  maximum  total  lockup  time 
for  the  signal  at  the  adaptive  array.  This  is  the  maximum  length  of 
time  required  for  the  entire  four-phase  signal  acquisition  procedure  » 

with  a  given  probability  of  acquisition  (usually  high)  assuming  no 
smart  jamming.  (The  possible  effect  of  smart  jamming  on  the  acquisi¬ 
tion  time  is  discussed  in  Chapter  X.)  In  general,  this  time  is  desired 
to  be  less  than  one  second  so  that  the  communication  delay  due  to  the 
acquisition  procedure  is  not  noticeable  in  many  applications.  There¬ 
fore,  the  maximum  total  lockup  time  was  chosen  to  be  0.55  seconds,  which  » 

was  found  to  be  a  convenient  value.  The  maximum  short  code  lockup  time 
was  then  chosen  to  be  0.4  seconds  of  the  total  lockup  time  with  the 
probability  of  short  code  timing  acquisition  in  this  time  chosen  arbi¬ 
trarily  to  be  98%.  The  maximum  long  code  lockup  time  is,  therefore, 

0.15  seconds.  The  probability  of  long  code  timing  acquisition  in  this 

time  was  set  arbitrarily  to  99%.  t 

Another  parameter  which  was  chosen  for  convenience  is  the  long 
code  correlation  time,  which  is  discussed  in  Chapter  IX.  As  discussed 
in  this  chapter,  this  parameter  would  usually  be  determined  after  an 
analysis  of  the  subsequence  crosscorrelation  of  a  given  code.  However, 
such  an  analysis  is  complicated  and  is  not  related  to  the  feasibility  of  , 

the  four-phase  system.  Therefore,  this  analysis  was  not  performed. 

In  [32],  the  correlation  time  considered  is  approximately  twenty  times 

the  long  code  shift  register  length,  n,  in  code  symbol  intervals.  With 

this  correlation  time  it  was  found  in  [32]  that  the  code  had  reasonable 

subsequence  correlation  properties.  Thus,  the  correlation  time  for 

the  experimental  system  was  chosen  to  be  20nA.  , 

A  parameter  related  to  the  correlation  time  is  the  threshold  for 
the  correlation  circuitry  in  the  long  code  acquisition  procedure  (see 
Chapter  IX).  In  a  typical  design  problem,  this  value  would  also  be 
determined  from  an  analysis  of  the  subsequence  crosscorrelation  of  the 
long  code  and  the  required  probability  of  obtaining  the  wrong  long  code  » 

timing  or  mlssirg  the  correct  timing  during  acquisition.  Again,  such 
an  analysis  is  complicated  and  is  not  related  to  the  feasibility  of 
the  four-phase  system.  Therefore,  the  correlation  threshold  value 
calculated  in  [32,  p.  41],  has  been  used  in  this  system,  0.66*^. 
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The  final  parameter  which  was  chosen  rather  arbitrarily  is  the 
required  energy  per  chip  interval  to  single  sided  noise  density  ratio,  f" 

Ea/No.  This  parameter  is  the  lowest  value  of  E^/N0  for  which  the 
adaptive  array  will  acquire  the  four-phase  signal  within  the  required 
maximum  total  lockup  time.  This  parameter  would  normally  be  determined 
by  the  noise  environment  in  which  the  system  is  to  operate.  For  the 
experimental  system,  an  EA/N0  value  of  4  (6  dB)  was  found  to  be  neces¬ 
sary  for  acquisition  of  very  long  codes  in  the  required  time  with  the  * 

given  code  rate.  Since  the  code  rate  in  this  system  is  much  less  than 
that  for  many  communication  systems,  a  lower  required  E&/N0  may  be 
possible  in  many  applications.  It  should  be  noted  from  the  analyses 
of  previous  sections  that  when  the  system  is  operating  with  an  E^/N0 
greater  than  that  required,  the  probability  of  acquiring  the  short  and 
long  code  timing  in  the  given  maximum  times  will  be  higher  than  that  * 

specified. 

From  the  above  parameters  the  remaining  parameters  will  now  be 
determined  using  the  results  of  Chapters  VI  through  IX.  In  the  analy¬ 
sis  to  follow  all  numbers  (except  for  the  code  and  data  rate  and  timing 
jitter)  have  been  rounded  to  three  significant  figures.  * 

The  first  parameter  to  be  considered  is  the  average  long  code 
acquisition  time.  For  a  99%  probability  of  acquisition  the  ratio  of 
the  maximum  to  average  long  code  lockup  time  is  given  from  Equation 
(372). 

■ 

y  *  -2.3  log(l  -  PaCq)  a  4.6  (383) 

The  average  lockup  time  is,  therefore,  given  by 

T,^„  =  175.2  x  103  code  symbols  per  second  x  0.15  second  » 

acq  - o - 

=  571 0A  .  (384) 

The  long  code  shift  register  length  will  now  be  determined.  From 
Figure  50,  It  can  be  seen  that  for  a  required  E*/N0  equal  to  4  with  the  • 

above  average  lockup  time,  about  a  40  stage  shirt  register  can  be  used 
to  generate  the  long  code.  However,  for  the  calculations  for  Figure  50 
it  was  assumed  that  there  was  no  timing  jitter  at  the  receiver.  With 
timing  jitter  the  probability  of  error  in  the  differential  detector 
during  the  long  code  acquisition  procedure  will  Increase  and,  there¬ 
fore,  so  will  the  average  long  code  acquisition  time.  Thus,  the  long  • 

code  shift  register  should  be  less  than  40  stages  in  length  to  compen¬ 
sate  for  timing  jitter.  The  long  code  was,  therefore,  chosen  to  be 
generated  from  a  34  stage  shift  register.  From  [34,  p.  492],  the 
feedback  taps  to  generate  a  pseudonoise  code  were  chosen  to  be  at  stages 
1,  2,  27,  and  34.  The  length  of  the  long  code  is  then  given  by 
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234  -  1  =  1.72  x  1010  code  symbols 


(385) 


and  the  code  period  is  given  by 


Long  code  period  = 


=  9.96  x  104  sec  (27.7  hours)  (386) 


The  timing  jitter  that  is  acceptable  during  the  long  code  acquisi¬ 
tion  procedure  will  now  be  considered.  From  Figure  50  it  can  be  seen 
that  for  a  long  code  shift  register  with  34  stages,  the  average  acqui¬ 
sition  time  is  2700a,  or  about  half  the  average  acquisition  time  for 
a  long  code  shift  register  length  of  40.  Therefore,  the  acceptable 
timing  jitter  is  that  which  causes  the  average  lockup  time  to  double. 
From  Section  C  of  Chapter  VIII,  for  an  approximate  model  of  the  acqui¬ 
sition  procedure,  the  average  long  code  lockup  time  is  given  by  Equation 
(364), 

Mn  a 

Tacq  =  i  fT  •  (387) 

Cq  (1  -  ^  exp(-EA/2N0))n 

This  equation  uses  the  approximation  for  the  symbol  error  prob¬ 
ability,  PE,  given  by  Equation  (358), 

PE  -  \  exp(-EA/2N0)  .  (388) 


The  exact  expression  for  the  symbol  error  probability  is  plotted 
in  Figure  42  for  various  values  of  timing  jitter.  With  no  timing  jit¬ 
ter  and  Ea/No  equal  to  4,  PE  is  seen  from  Figure  42  (as  calculated  from 
Equation  (357)  to  be  0.0716.  Thus,  for  the  experimental  system,  the 
average  long  code  acquisition  time,  as  determined  from  an  approximate 
model  of  the  long  code  acquisition  procedure, is  given  by 

Tacq  =  - V  -  8500a  .  (389) 

M  (1  -  0.0716)34 

Although  this  is  about  three  times  the  actual  average  long  code  lockup 
time,  the  approximate  model  can  still  be  used  to  determine  the  accep¬ 
table  timing  jitter.  As  stated  before,  the  acceptable  timing  jitter 
is  that  which  causes  the  acquisition  time  to  double.  Thus,  for  the 
approximate  model,  the  average  acquisition  time  with  timing  jitter  is 
given  by 


1.72  x  10^8  code  symbols _ 

175.2  x  103  code  symbols/second 
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(390) 


j  _  i 7nnn .  _  20  x  34  A 

• 170004  -  tit  rE)a 


with  timing  jitter.  The  value 


(391) 

Equation  (357)),  this  is  the 
value  of  PE  for  a  timing  jitter  of  approximately  0.06A,  with  Ea/N0 
equal  to  4.  Because  the  above  analysis  is  not  exact,  a  timing  jitter 
of  0.04a  was  chosen  for  the  system  design  to  help  insure  acquisition 
in  the  specified  time. 

The  optimum  loop  filter  frequency  constant,  p0,  can  now  be  calcu¬ 
lated.  The  first  parameter  that  must  be  considered  to  determine  is 
the  S/N | jp ,  which  is  computed  as  follows.  With  Ea/N0  equal  to  4,  the 
energy  per  code  symbol-to-noise  density  ratio  is  equal  to  2.  Thus,  if 
the  bandwidth  of  the  filters  through  which  the  received  signal  is  first 
passed  is  approximately  equal  to  the  code  rate,  the  received  signal 
power  in  one  channel -to-noise  ratio,  S/Nj^p,  is  given  by 

S/N | rF  •  \  ‘  Ea/N0  =  2  .  (392) 

Thus,  from  Equation  (300),  with  a  spreading  ratio  of  16,  S/Njjp  is 
given  by 

s/n  Iif  *  — r* — r"r^T='6  <12-°  dB>  •  <393) 

VnIrf* ?  2  +  ? 

As  seen  in  Figure  32  (as  calculated  from  Equation  (323)),  with 
S/N  j jp  as  given  above  and  a  timing  jitter  of  0.04a,  the  optimum  p0/Bip 
is  equal  to  0.0916. 

In  general  the  bandwidth  of  the  fiHers  in  each  channel  of  the 
delay  lock  loop,  Bip,  will  be  on  the  order  of  the  data  bandwidth.  Thus, 
for  the  experimental  system,  B jp  should  be  about  10.95  kHz.  However, 
since  15  kHz  bandwidth  filters  were  readily  available,  they  were  used 
in  the  delay  lock  loop.  Therefore,  the  loop  filter  frequency  constant 
is  given  by 

p0  =  0.0916BIp  =  0.0916  x  15  kHz  =  1.37  kHz  .  (394) 


where  PE  is  the  symbol  error  probability 
of  Pp  is  then  given  by 


As  seen  in  Figure  42  (as  calculated  from 
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The  next  parameter  to  be  considered  is  the  short  code  length. 
With  the  maximum  short  code  acquisition  time  equal  to  0.4  seconds  and 
a  code  rate  of  175.2  x  103  code  symbols  per  second,  the  maximum  length 
of  the  short  code  is  given  by  Equation  (148), 


N  <VTacq  *  code  rate  =  /  .4  x  175.2  x  103  =  265 


(395) 


Thus,  for  a  pseudonoise  code  generated  from  a  linear  feedback  register, 
the  maximum  short  code  length  is  given  by 


N'  =  28  -  1  =  255  . 


(396) 


Thus,  an  eight  stage  shift  register  will  be  used  to  generate  the  short 
code.  From  [34,  p.  476],  the  feedback  tops  were  chosen  to  be  at  stages 
1,  6,  7,  and  8. 


For  a  length  255  short  code,  the  maximum  acquisition  time  is 
given  by 


iNH2 


255* 


Tacq  -  code  rate  175.2  x  103 


=  0.371  seconds 


(397) 


Therefore,  the  final  transient  time  (as  discussed  in  Chapter  VI)  must 
be  less  than  0.029  seconds  for  the  maximum  total  short  code  acquisition 
time  to  be  less  than  0.4  seconds.  From  Figure  24,  the  final  transient 
time  is  seen  to  vary  from  8/p0  to  2/pq  or,  for  p0  equal  to  1.37  kHz, 
from  0.00582  seconds  to  0.00146  seconds.  Thus,  as  required,  the  maxi¬ 
mum  total  short  code  acquisition  time  is  less  than  0.4  seconds. 


The  sweep  rate  will  now  be  determined.  From  Equation  (151),  the 
sweep  rate  for  the  experimental  system  is  given  by 


code  rate  _  175.2  x  IQ3  code  symbols  per  second 


255  code  symbols 


=  687  Hz 


(398! 


The  optimum  bandwidth  of  the  sum  channel  filter  is  then  given  by 
Equation  (227), 

Bn | opt  =  °*53  fs  =  0-53  x  687  Hz  =  364  Hz  .  (399 

The  probability  of  acquiring  the  wrong  code  timing  during  the 
short  code  acquisition  procedure  and  the  acquisition  threshold  for  the 
delay  lock  loop  will  now  be  considered.  For  the  experimental  system 
N'/k  is  given  by 


r 


\  F s  f? =  15,9  *  (400)  r 

During  acquisition  the  S/N | jp  is  given  by  (see  Equation  (291)) 

S/N | IF - ^ -  .  (401)  r 

S/N| rf  +  2 


! 


i 
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However,  because  the  delay  lock  loop  is  coupled  to  the  adaptive  array, 
the  S/N] RF  will  change  during  acquisition.  Initially  during  acquisi- 
tion,  the  array  rejects  the  desired  signal  and,  therefore,  the  S/N | rf 
will  be  very  small.  When  the  code  timing  offset  becomes  less  than  half 
a  chip,  the  array  pulls  the  desired  signal  out  of  the  noise  and  in¬ 
creases  S/N 1 rf .  For  the  experimental  system  with  a  minimum  Ea/N0  equal 
to  4,  S/N ] rf  will  increase  to  2  when  acquisition  occurs.  With  S/N | rf 
equal  to  2, 


S/N | ip  =  —  =6.4  (8.1  dB)  .  (402) 

1+2 


From  Equation  (214),  Chapter  VI,  (and  as  seen  in  Figure  28)  with  S/N ] jp 
equal  6.4,  the  probability  of  false  alarm  during  acquisition,  Pfa,  can 
be  calculated.  For  a  probability  of  miss  equal  to  0.02,  Pfa  is  equal 
to  .0573  with  the  acquisition  threshold  equal  to  .718  /Ps.  It  should 
be  noted  that  with  this  value  of  Pfa,  the  maximum  short  code  acquisition 
time  will  be  increased  by  only  about  5.73%  (as  compared  to  the  case 
where  Pfa  is  equal  to  0).  Therefore,  the  maximum  short  code  acquisi¬ 
tion  time  will  remain  below  0.4  seconds.  The  calculation  of  Pfa  from 
Equation  (214),  Chapter  VI,  does  not  consider  that  an  array  is  coupled 
to  the  delay  lock  loop.  Because  of  the  array,  in  the  experimental 
system,  P^a  will  be  less  than  0.0573.  Therefore,  the  maximum  short 
code  acquisition  time  will  remain  below  0.4  seconds. 

Finally,  the  average  total  lockup  time  +or  the  system  will  now 
be  determined.  For  the  short  code  acquisition,  the  average  acquisi¬ 
tion  time  is  just  half  the  maximur  time  or  0.2  seconds.  For  the  long 
code,  as  given  In  Equation  (383),  the  average  acquisition  time  is 
1/4.6  times  the  maximum  time  of  0.15  seconds.  Therefore,  the  average 
total  lockup  time  is  0.233  seconds. 

The  parameters  determined  in  this  section  are  listed  in  Table  10. 
These  parameters  are  used  in  Section  C  in  the  design  of  the  experimental 
system. 
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Table  10 


Design  Parameters  for  an  Experimental 
Four-Phase  System 


Parameter 

Value 

Code  rate 

175.2  x  10^  code  symbols/ second 

Spreading  ratio 

16 

Data  rate 

—  ■  ■  ■  - ...  ■  —  ■  ■  ■ 

10.95  x  10-3  data  symbols/ second 

Maximum  total  lockup  time 

0.55  seconds 

Maximum  short  code  lockup 

time 

0.4  seconds 

Maximum  long  code  lockup 

time 

0.15  seconds 

Probability  of  acquiring 

short  code  in  maximum 

time 

98% 

Probability  of  acquiring 

long  code  in  maximum 

time 

99% 

Long  code  correlation  time 

20n&  ( 680A ) 

Long  code  correlation 

i 

threshold 

0.66/P^ 

Minimum  EA/NQ 

4  (6  dB) 
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Table  10  (Continued 


Average  long  code  lockup 
time 

Long  code: 

(a)  Length 

(b)  Shift  register 
length 

(c)  Shift  register 
feedback  taps 

(d)  Period 

Timing  jitter  during  track¬ 
ing  of  the  short  code 

S/N | ip  during  acquisition 

S/N | xp  during  tracking 

Loop  filter  frequency  con¬ 
stant 

Short  code: 

(a)  Length 

(b)  Shift  register 
length 

(c)  Shift  register 
feedback  taps 

(d)  Period 

Delay  lock  loop  sweep  rate 

Sum  channel  filter  band¬ 
width 

Probability  of  acquiring 
wrong  short  code  timing 
in  the  delay  lock  loop 

Acquisition  threshold  for 
sum  channel  in  the  delay 
lock  loop 

Average  total  lockup  time 


5710a  (0.0326  seconds) 

1.72  x  1010  code  symbol 
34  stages 

stages  1,  2,  27,  34 
27.7  hours 

0.04& 

6.4  (8.1  dB) 

16.0  (12.0  dB) 

1.37  kHz 

255  code  symbols 
8  stages 

stages  1,  6,  7,  8 
1.46  milliseconds 
687  Hz 

364  Hz 

5.73% 

0.718/P$ 

0.233  seconds 
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Circuit  Design 

In  this  section  the  circuitry  for  the  four-phase  system  is  des¬ 
cribed.  A  block  diagram  of  the  four-phase  system  to  be  described  is 
shown  in  Figure  54.  As  seen  in  this  figure  the  four-phase  system  con¬ 
sists  of  a  transmitter  and  a  receiver.  The  receiver  has  been  divided 
into  five  subsystems,  the  adaptive  array,  the  reference  loop,  the  delay 
lock  loop,  the  long  code  acquisition  circuitry,  and  the  control  logic. 

In  this  section  a  block  diagram  and  circuit  schematic  are  developed 
for  the  transmitter  and  each  receiver  subsystem.  The  design  parameters 
of  Section  B  are  used  in  the  design  of  the  system. 

The  first  subsystem  to  be  described  is  the  transmitter.  As  given 
in  Table  10,  the  transmitter  design  parameters  include  a  code  rate  of 
175.2  x  103  code  symbols  per  second,  a  spreading  ratio  of  16,  and  a 
data  rate  of  10.95  x  103  data  symbols  per  second.  Also,  as  seen  in 
Table  10,  the  short  code  is  generated  from  an  eight  stage  linear  feed¬ 
back  shift  register  with  feedback  taps  at  stages  1,  6,  7,  and  8,  and 
the  long  code  is  generated  from  a  34  stage  linear  feedback  shift  reg¬ 
ister  with  feedback  taps  at  stages  1,  2,  27,  and  34. 

A  block  diagram  of  the  transmitter  is  shown  in  Figure  55.  As  seen 
in  this  figure  a  long  code  and  a  short  code  mixed  with  pseudorandom  data 
symbols  generated  at  a  rate  corresponding  to  the  spreading  ratio  are 
generated  first.  Using  two  delay  flip-flops  these  symbols  are  then 
converted  to  the  symbols  corresponding  to  the  phase  of  the- four-phase 
differential  phase  shift  keyed  signal.  These  symbols  are  then  used  to 
control  the  output  phase  of  a  quadri phase  modulator.  The  output  of 
this  auadri phase  modulator  is  then  the  four-phase  signal  given  by  Equa¬ 
tion  (142),  with  a  carrier  frequency  of  70  MHz.  A  very  stable  external 
70  MHz  frequency  source  was  used  for  the  carrier  frequency  input  to  the 
transmitter. 

A  circuit  schematic  corresponding  to  the  block  diagram  of  the 
transmitter  is  shown  in  Figure  56.  Several  switches  have  been  added 
to  this  circuit  for  use  in  the  testing  of  the  system  as  described  in 
Section  D. 

The  next  subsystem  to  be  considered  is  the  channel  simulator. 

The  purpose  of  the  simulator  is  to  generate  the  signals  to  be  processed 
by  the  receiver  in  such  a  way  as  to  simulate  the  signal  that  would  be 
received  if  antenna  elements  were  employed.  By  using  a  channel  simu¬ 
lator  the  system  can  be  tested  without  the  need  for  antenna  elements 
and  RF  components.  A  block  diagram  of  the  channel  simulator  is  shown 
in  Figure  57. 

As  shown  In  this  figure,  the  transmitted  signal  (which  is  at  70 
MHz)  Is  divided  four  ways  because  the  adaptive  array  in  the  experimental 
system  is  designed  for  use  with  four  antenna  elements.  Interference 
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Figure  55.  Block  diagram  of  the  transmitter. 


Figure  56.  Circuit  schematic  of  the  transmitter. 


INTERFERENCE 


Figure  57.  Block  diagram  of  the  channel  simulator. 


is  also  divided  four  ways  and  each  of  the  four  interference  signals  is 
passed  through  phase  shifters.  By  adjusting  the  phase  shift  of  each 
signal,  the  simulated  angle  of  arrival  of  the  Interference  on  the  adap¬ 
tive  array  can  be  changed.  Since  the  desired  signal  is  not  phase 
shifted.  It  is  always  incident  on  the  receiving  array  at  broadside  in 
the  simulation.  Independent  sources  add  noise  to  each  of  the  four 
signals  to  simulate  the  received  noise  on  each  antenna  element.  Thus, 
the  channel  simulator  simulates  a  communication  channel  with  a  four 
element  receiving  antenna  array,  with  the  desired  signal  arriving  at 
broadside  and  interference  arriving  at  any  angle. 

The  next  subsystem  to  be  considered  is  the  adaptive  array,  i.e., 
the  circuitry  for  Implementation  of  the  LMS  algorithm.  As  stated 
before,  the  adaptive  array  employed  in  the  system  was  built  previously 
for  use  in  a  biphase  system  and  is  described  in  [33].  The  code  rate, 
spreading  ratio,  and  data  rate  used  in  the  experimental  system  were 
kept  the  same  as  those  used  In  the  biphase  system  to  minimize  changes 
In  this  adaptive  array.  However,  this  array  was  designed  for  use  in  a 
biphase  system  where  code  synchronization  was  obtained  at  the  trans¬ 
mitter  rather  than  at  the  receiver  with  the  adaptive  array  (with  the 
transmitter  and  receiver  as  used  in  this  paper),  which  is  opposite  of 
the  four-phase  experimental  system.  Thus,  some  modifications  to  this 
array  were  required. 

A  functional  diagram  of  the  LMS  algorithm  implementation  is  shown 
In  Figure  58  (Figure  11,  [33]).  To  the  left  of  the  dashed  line  in  this 
figure  is  the  circuitry  which  is  contained  in  each  of  four  weight  boxes, 
one  for  each  antenna  element.  To  the  right  of  the  dashed  line  is  the 
circuitry  in  which  the  outputs  of  the  four  weight  boxes  were  combined 
and  an  error  signal  for  each  weight  box  was  generated.  As  seen  in 
Figure  58,  this  circuitry  requires  Inputs  of  the  received  signal  from 
each  antenna  element  (through  an  IF  amplifier),  the  reference  signal 
from  the  reference  loop,  and  four  control  signals.  These  control  sig¬ 
nals  are  the  HRF/LRF,  weight  reset,  integrate/hold  and  error  on/off 
TTL  Inputs.  The  function  of  these  control  signals  and  their  use  In 
the  four-phase  system  are  described  below. 

The  HRF/LRF  TTL  Input  Is  used  to  control  the  gain  of  the  ampli¬ 
fier  shown  In  Figure  58,  based  on  whether  the  high  rate  format  or  low 
rate  format  of  the  array  Is  used.  The  code  rate  and  spreading  ratio 
for  the  four-phase  system  Is  the  low  rate  format  as  described  in  [33]. 
Thus,  for  the  four-phase  system,  the  HRF/LRF  TTL  Input  was  set  low 
using  a  switch  on  the  front  panel  of  the  array. 

The  weight  reset  TTL  input  Is  used  to  reset  the  integrators  (the 
weight  values)  to  some  fixed  value.  This  fixed  value  was  set  at  1  for 
the  In-phase  weight  In  pne  weight  box  and  zero  for  all  other  weights 
so  that  the  antenna  pattern  Is  fixed  at  the  pattern  for  one  element. 

For  signal  acquisition,  the  weights  are  first  reset  by  applying  a  high 
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Figure  58.  Functional  diagram  of  the  LMS  algorithm  implementation. 


voltage  to  the  weight  reset  TTL  input,  and  then  with  a  low  voltage  at 
the  input  the  adaptive  process  is  begun.  Thus,  in  the  four-phase 
system  the  weight  reset  TTL  input  was  generated  by  the  control  logic 
which  controls  when  signal  acquisition  is  to  begin.  The  control  logic 
is  described  later  in  this  section. 

The  integrate/hold  TTL  input  is  used  to  hold  the  value  of  the 
integrator  output  (the  weight  value)  or  to  allow  integration  (adaption) 
to  occur.  The  error  on/off  TTL  input  is  used  to  turn  the  error  signal 
on  and  off.  These  signals  are  dependent  on  the  weight  reset  TTL  input 
signal.  That  is,  when  the  weight  reset  TTL  input  signal  is  high,  the 
values  of  the  integrator  outputs  are  held  and  the  error  signal  is  turned 
off.  When  the  weight  reset  TTL  input  is  low,  integration  (adaption) 
occurs  and  the  error  signal  is  on.  Thus,  the  integrate/hold  TTL  input 
signal  and  the  error  on/off  TTL  input  signal  are  the  complement  of  the 
weight  reset  TTL  input  signal. 

The  next  subsystem  of  the  receiver  to  be  considered  is  the  refer¬ 
ence  loop,  which  generates  the  reference  signal  for  the  adaptive  array. 

A  block  diagram  of  the  reference  loop  is  shown  in  Figure  59,  and  is 
described  below. 

The  locally  generated  code  shown  in  the  figure  is  either  the  long 
or  the  short  code,  depending  on  which  code  the  delay  lock  loop  is  track¬ 
ing.  The  code  modulates  a  local  oscillator  signal,  and  the  modulated 
signal  is  then  mixed  with  the  array  output  signal.  The  resultant  signal 
contains  a  despread  component  of  the  desired  signal  when  the  locally 
generated  code  is  synchronized  with  the  code  in  the  received  signal. 

The  resultant  signal  is  then  passed  through  a  bandpass  filter  whose 
output  consists  mainly  of  the  despread  component  of  the  desired  signal. 
The  signal  is  then  hardlimited  so  that  the  reference  signal  has  con¬ 
stant  amplitude.  Finally,  the  hardlimited  signal  is  mixed  with  the 
locally  generated  code  to  generate  the  array  reference  signal.  The 
array  reference  signal  will  consist  primarily  of  the  desired  signal 
component  when  the  locally  generated  code  is  properly  synchronized. 

The  reference  loop  used  in  the  experimental  system  was  built 
previously  and  is  described  in  [33].  As  discussed  before,  the  system 
described  in  [33]  was  designed  for  use  in  a  biphase  system  where  code 
synchronization  was  obtained  at  the  transmitter  rather  than  at  the 
receiver  with  the  adaptive  array  (with  the  transmitter  and  receiver  as 
used  in  this  paper).  Therefore,  the  reference  loop  was  modified  for 
use  in  the  four-phase  system.  The  code  used  in  the  reference  loop  was 
generated  in  the  delay  lock  loop  rather  than  in  the  reference  loop 
itself  as  in  [33].  The  circuitry  in  the  reference  loop  was  not  changed, 
though.  Thus,  as  described  in  [33],  the  bandwidth  of  the  bandpass 
filter  was  28  kHz. 

The  next  subsystem  to  be  considered  is  the  delay  lock  loop.  W 
purpose  of  the  delay  lock  loop  is  to  acquire  and  track  the  short  ,  or 
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timing  and  to  track  the  long  code  timing.  A  block  diagram  of  the  delay 
lock  loop  designed  for  the  experimental  system  Is  shown  In  Figure  60. 

A  detailed  analysis  of  this  subsystem  fs  contained  In  Chapters  VI  and 
VII. 


Figure  60.  Block  diagram  of  the  delay  lock  loop. 


The  Inputs  to  the  delay  lock  loop  are  the  array  output  signal,  the 
half  chip  advanced  and  delayed  long  code,  the  code  select  Input,  and  the 
reset  Input.  With  these  signals  the  delay  lock  loop  generates  the  clock 
timing  for  the  received  signal's  code,  the  short  code  for  use  In  the 
long  code  acquisition  circuitry  and  the  properly  timed  code  for  use  In 
the  reference  loop. 

A  major  portion  of  the  delay  lock  loop  used  In  the  experimental 
system  was  built  previously,  and  Is  described  In  [36].  The  circuitry 
was  extensively  modified.  Including  the  removal  of  squarer  and  square 
rooter  devices.  These  devices  were  found  not  to  be  necessary  as  dis¬ 
cussed  In  Chapters  VI  and  VII.  Circuit  schematics  for  the  delay  lock 
loop  are  presented  In  Figures  61  through  64.  The  function  of  these 
circuits  and  the  parameters  from  Section  B  used  In  their  design  are 
discussed  below. 


187 


Figure  61.  Circuit  schematic  of  the  modulators  and 


mixers  In  the  delay  lock  loop. 


As  shown  In  Figure  61,  the  array  output  Is  amplified  and  split 
Into  two  channels.  The  half  chip  advanced  and  delayed  codes  modulate 
59.3  MHz  signals,  and  these  modulated  signals  are  mixed  with  the  array 
output.  The  resultant  signal  In  each  channel  will  contain  the  despread 
component  of  the  desired  signal  when  the  locally  generated  code  Is  syn¬ 
chronized  with  the  received  signal’s  code.  Thus,  the  resulttnt  signal 
In  each  channel  1$  passed  through  a  narrowband,  10.7  MHz  center  fre¬ 
quency  filter  to  remove  most  of  the  unwanted  signals.  As  discussed  In 
Section  B,  the  data  rate  Is  10.95  kbits  per  second.  The  filter  band¬ 
width,  therefore,  should  be  on  the  order  of  10.95  kHz.  Two  filters  with 
15  kHz  bandwldths  were  employed  because  they  were  available. 

The  circuitry  used  for  envelope  detection  of  the  two  filtered 
signals  Is  shown  In  Figure  62.  It  should  be  noted  that  the  circuitry 
Is  somewhat  different  In  each  envelope  detector.  These  differences 
were  present  In  the  original  delay  lock  loop  described  In  [36]  and 
were  left  unchanged  In  the  four-phase  system.  In  each  channel  the 
signal  Is  first  amplified.  The  signal  Is  then  hardllmlted  and  mixed 
with  the  nonhardllmlted  signal.  Thus,  the  output  of  the  mixer  contains 
a  signal  proportional  to  the  envelope  of  the  filtered  signal  plus 
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Figure  62.  Circuit  schematic  of  the  envelope  detector 
In  the  delay  lock  loop. 


components  around  21.4  MHz.  The  double  frequency  components  are  re* 
moved  by  a  lowpass  active  filter  containing  a  yA741  operational  ampli¬ 
fier.  The  cutoff  frequency  of  this  filter  was  chosen  to  be  much  higher 
than  that  of  the  sum  and  the  loop  filters.  Thus,  the  low  pass  filter 
will  have  a  negligible  effect  on  the  delay  lock  loop  performance.  As 
seen  In  Figure  62,  a  20  kn  resistor  and  a  0.001  yf  capacitor  are  used. 
Therefore,  the  cutoff  frequency  Is  given  by 
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Figure  63.  Circuit  schematic  of  the  sum  and  difference 
channels  In  the  delay  lock  loop. 
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In  Figure  63,  a  schematic  Is  shown  of  the  circuitry  used  to  gener¬ 
ate  the  clock  from  the  outputs  of  the  envelope  detectors.  As  shown  In 
this  figure,  the  difference  and  the  sum  voltages  are  determined  for  the 
outputs  of  the  detectors.  The  difference  voltage  out  of  the  operational 
amplifier  shown  at  the  top  of  the  schematic  Is.  passed  through  the  loop 


filter.  As  determined  In  Section  B,  the  loop  filter  frequency  constant 
Is  1.37  kHz.  The  values  of  the  resistors  and  capacitor  In  the  loop 
filter  were  determined  from  the  equations  given  In  [6,  page  545]. 


For  the  sum  channel,  a  filter  of  bandwidth  364  Hz  was  determined 
In  Section  B.  With  an  RC  lowpass  filter,  the  bandwidth  Is  given  by 
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The  above  values  were  used  In  the  circuitry  shown  in  Figure  63. 


The  voltage  out  of  the  sum  channel  filter  Is  compared  to  the 
acquisition  threshold  voltage  using  an  operational  amplifier.  As  given 
In  Section  B,  this  voltage  was  adjusted  to  0.718«''Ps  In  the  circuit. 

The  output  of  the  voltage  comparing  operational  amplifier  turns  the 
sweep  voltage  on  and  off  by  the  use  of  a  series  of  transistors.  The 
sweep  voltage  was  set  so  that  the  voltage  caused  a  687  Hz  Increase  In 
the  frequency  of  the  voltage  controlled  crystal  oscillator  (VCX0)  as 
specified  In  Section  B.  Furthermore,  the  center  frequency  adjust  volt¬ 
age  was  set  so  that  the  clock  frequency  was  175.2  kHz  (the  code  rate) 
when  the  sweep  voltage  was  off. 

Using  an  operational  amplifier,  the  difference  channel  voltage, 
center  frequency  adjust  voltage  and  the  sweep  speed  adjust  voltage  are 
summed.  The  combined  voltage  Is  used  to  control  the  output  frequency 
of  a  VCX0.  The  output  of  this  VCX0  Is  mixed  with  a  constant  frequency 
source.  The  frequency  of  this  source  Is  such  that  the  difference  In 
frequency  between  the  source  and  the  center  frequency  of  the  VCX0  Is 
175.2  kHz.  Therefore,  after  low  pass  filtering  the  clock  output  Is  a 
sinusoidal  waveform  with  frequency  near  175.2  kHz. 

In  Figure  64  the  circuit  schematic  for  the  short  code  shift 
reqlster  and  the  code  select  logic  Is  shown.  As  seen  In  this  figure 
the  sinusoidal  clock  waveform  Is  converted  to  a  TTL  signal  by  using  a 
CA3290  voltage  comparator.  This  TTL  signal  Is  used  to  clock  the  short 
code  shift  register.  As  given  In  Section  B,  an  eight  stage  shift 
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register  was  used  with  feedback  taps  at  stages  1,  6*  7,  and  8.  A  reset 
signal  Is  used  to  Initialize  the  shift  register  to  contain  a  "1"  In 
stage  1  and  H0M  In  the  other  stages. 

The  short  code  symbols  are  differentially  encoded  so  that  a  "1" 
causes  a  change  In  the  output  symbol  stream  and  a  "0"  does  not  cause  a 
change.  The  differential  encoding  Is  accomplished  with  an  exclusive- 
or  gate  and  a  D  flip-flop.  The  output  symbol  stream  Is  the  advanced 
code.  The  symbol  stream  Is  delayed  one  clock  period  to  generate  the 
delayed  code. 

The  code  select  Input  Is  used  by  the  control  select  logic  to  con¬ 
trol  whether  the  short  code  or  the  long  code  differentially  encoded 
symbols  are  to  be  used  In  the  delay  lock  loop.  The  chosen  symbols  are 
converted  from  TTL  level  signals  to  plus-and-mlnus  one  volt  signals 
using  the  circuitry  shown.  The  plus-and-mlnus  one  volt  signals  are  used 
to  modulate  the  59.3  MHz  signal  as  shown  In  Figure  61.  The  advanced 
code  symbols  are  delayed  half  a  clock  period  to  generate  the  properly 
timed  code  used  In  the  reference  loop. 

As  shown  at  the  top  of  Figure  64.  the  short  code  symbols  are  de¬ 
layed  one  and  one-half  clock  periods  for  use  by  the  long  code  acquisi¬ 
tion  circuitry.  By  delaying  the  code  this  amount  the  short  code  symbols 
are  synchronized  with  the  properly  timed  code  symbols  sent  to  the  refer¬ 
ence  loop. 

The  next  subsystem  to  be  considered  Is  the  long  code  acquisition 
circuitry.  The  purpose  of  the  subsystem  Is  to  acquire  the  timing  of  the 
long  code.  A  block  diagram  of  the  long  code  acquisition  circuitry  Is 
shown  In  Figure  65.  A  detailed  analysis  of  the  subsystem  Is  contained 
In  Chapter  VIII. 

The  Inputs  to  the  long  code  acquisition  circuitry  are  the  array 
output,  short  code  timing,  and  the  short  code  symbols.  With  these  In¬ 
puts  the  clrcultrygenerates  the  properly  timed  long  code. 

In  Figure  66  a  block  diagram  of  the  differential  detector  Is 
shown.  As  seen  In  this  figure,  the  array  output  Is  divided  Into  two 
channels.  The  array  output  Is  mixed  with  a  70  MHz  signal  In  one  channel 
and  with  the  70  MHz  signal  phase  shifted  ninety  degrees  In  the  other 
channel.  The  resultant  signals  are  the  baseband  components  of  the  array 
output.  ex(t)  Is  the  baseband  component  of  the  array  output  in  phase 
with  the  70  MHz  signal  and  ey(t)  Is  the  Inquadrature  baseband  component. 
The  baseband  components  are  integrated  over  each  code  symbol  and  the 
outputs  of  the  Integrators  are  sampled  and  held.  The  control  logic  for 
the  Integrators  and  sample-and-holds  Is  shown  In  Figure  67  and  described 
below.  The  Integrate  and  sample-and-hold  circuitry  Is  shown  In  Figure 
68  and  also  described  below.  The  outputs  of  the  Integrate  and  sample- 
and-hold  circuitry  are  then  Inphase  and  Inquadrature  signal  vectors 
corresponding  to  the  m  and  m-1  code  symbols.  With  these  signal  vectors. 
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Figure  65.  Block  diagram  of  the  long  code 
acquisition  circuitry. 


Figure  66.  Block  diagram  of  the  differential  detector 
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Figure  67.  Circuit  schematic  of  the  differential 
detector  control  logic. 


Figure  68.  Circuit  schematic  of  the  integrate  and 
sample-and-hold  circuitry  for  the 
ex(t)  [ey(t)]  channel. 


the  processing  and  decision  circuitry  shown  In  Figure  69  determines  the 
phase  shift  between  each  code  symbol  Interval.  Two  phase  shift  bits 
are  necessary  to  represent  the  four  possible  phase  shifts.  The  process¬ 
ing  and  decision  circuitry  Is  discussed  below. 

The  control  logic  for  the  differential  detector  Is  shown  In 
Figure  67.  This  logic  generates  the  signals  which  control  the  switches 
on  the  Integrators  and  sample-and-holds»  and  gate  the  output  of  these 
devices.  The  control  signals  are  generated  with  a  shift  register  and 
wtth  a  monostable  multivibrator  (74121).  Several  of  the  control  signals 
are  converted  from  TTl  level  signals  to  plus-and-mlnus  7.5  volt  signals 
required  by  the  switching  circuitry.  Conversion  Is  accomplished  with 
the  Inverter,  diodes,  resistors  and  capacitor  shown  for  each  control 
signal.  The  control  signals  for  the  Integrators  are  labelled  Ii  and  I2. 
Control  signal  I]  Is  high  for  the  Integration  and  low  during  the  dumping 
of  the  integrator  output  at  the  end  of  each  code  symbol  Interval .  Con¬ 
trol  signal  I2  Is  the  complement  of  Ii.  These  control  signals  are 
generated  by  the  monostable  vibrator  shown  at  the  bottom  of  Figure  67. 
The  device  Is  clocked  by  the  code  timing  and  with  a  3  kn  resistor  and 
100  pf  capacitor  generates  a  200  nanosecond  pulse  each  clock  period. 
Thus,  the  Integrator  will  Integrate  for  all  but  200  nanoseconds  of  each 
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Figure  69.  Circuit  schematic  of  the  processing  and 
decision  circuitry. 


chip  or  about  5.51  microseconds.  Thus,  about  3.5  percent  of  the  signal 
Is  not  Integrated  because  of  the  Integrator  dump  time.  This  loss  was 
not  considered  In  the  analysis  of  the  long  code  acquisition  time. 

However,  the  effect  of  this  loss  Is  small  compared  to  the  effect  of 
the  timing  jitter  which  has  a  standard  deviation  of  4  percent  of  a  chip. 

The  sample-and-hold  control  signals  are  labelled  I3,  I4,  and  1 5. 
When  these  signals  are  high,  the  sample-and-holds  track  the  output  of 
the  Integrators.  When  the  signals  are  switched  low,  the  sample-and-holds 
hold  the  Integrator  output  value  at  the  switching  time.  Both  the  m  and 
the  m-1  chip  signal  vector  components  must  be  available  at  all  times 
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for  the  processing  and  decision  circuitry  as  shown  in  Figure  66.  There¬ 
fore,  three  sample-and-holds  are  required  for  each  integrator.  At  any 
time  one  sample-and-hold  is  tracking  the  Integrator  output.  Another 
sample-and-hold  is  holding  the  Integrator  output  value  at  the  end  of 
the  previous  (mth)  chip.  This  value  is  the  signal  vector  component  for 
the  mth  chip.  A  third  sample-and-hold  is  holding  the  integrator  output 
value  at  the  end  of  the  m-1  chip.  Therefore,  each  sample-and-hold 
tracks  the  Integrator  output  for  one  chip  and  holds  the  integrator  out¬ 
put  at  the  end  of  the  chip  for  two  chips.  The  sample-and-hold  control 
signal  is  high  for  one  chip  and  low  for  two  chips.  The  chip  during 
which  the  control  signal  is  high  will  be  different  for  each  sample-and- 
hold.  These  signals  are  generated  In  the  three  state  shift  register 
shown  at  the  top  of  Figure  67.  With  a  reset  signal  the  shift  register 
is  loaded  with  Oil.  These  bits  are  cycled  through  the  shift  register 
clocked  by  the  code  timing.  The  output  of  each  stage  of  the  shift 
register  is  Inverted  and  converted  to  plus-and-minus  7.5  volt  signals 
to  generate  the  proper  control  signals  for  the  sample-and-hold. 

The  signals  labelled  S2,  Sj,  and  S3  gate  the  outputs  of  the 
sample-and-holds  as  shown  In  Figure  68.  By  the  gating  and  combining  of 
the  sample-and-hold  outputs,  the  m  and  m-1  chip  signal  vector  components 
are  output  by  the  differential  detector.  The  control  signals  Sj,  S2, 
and  S3  are  similar  to  the  I3,  I4,  and  I5  control  signals  except  that  , 
they  are  TTL  level  signals  as  required  by  the  LF13332  switches.  Thus, 
the  output  of  the  three  stage  shift  register  is  used  without  any  con¬ 
versions. 

A  circuit  schematic  for  the  Integrate  and  sample-hnd-hold  devices 
is  shown  in  Figure  68.  There  Is  one  of  these  circuits  for  each  of  the 
two  channels  in  the  differential  detector.  As  seen  in  Figure  68,  the 
baseband  component  is  amplified  by  a  gain  of  9.1.  The  signal  is  inte¬ 
grated  over  each  chip  and  the  value  of  the  Integrator  output  at  the 
end  of  the  chip  Is  held  by  one  of  three  Sample-and-holds.  Finally, 
the  outputs  of  the  sample-and-holds  are  gated  and  combined  to  generate 
one  signal  containing  the  mth  chip  signal  vector  components  and  another 
signal  containing  the  m-1  chip  signal  vector  components.  It  should  be 
noted  that  the  latter  signal  Is  a  one  chip  delayed  version  of  the  former 
signal . 

A  circuit  schematic  of  the  processing  circuitry  Is  shown  in  Figure 
69.  In  the  processing  circuitry  the  signal  vector  components  are  multi¬ 
plied  and  combined  to  generate  the  dot  product  and  the  magnitude  of  the 
cross  product  for  the  adjacent  signal  vectors.  Two  comparators  are 
used  to  decide  which  of  four  possible  phase  shifts  has  occurred.  The 
receiver  rule  used  by  comparators  Is  given  by  Equations  (332),  (333), 
(335)  and  (336).  Two  symbol  streams  corresponding  to  the  phase  shift 
at  each  chip  are  generated. 

A  circuit  schematic  of  the  detection  logic  Is  shown  In  Figure  70. 
The  circuitry  for  the  detection  logic  was  developed  In  Section  VIII-D. 

In  the  detection  logic  the  phase  shift  bits,  the  short  code  symbols, 
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Figure  70.  Circuit  schematic  Of  the  detection  logic. 


and  the  previous  phase  state  symbols  (B2  and  Bl)  are  used  to  determine 
the  long  code  symbols,  the  next  previous  state  symbols,  and  the  data. 
The  short  code  symbols  are  delayed  one  clock  period  because  the  phase 
shift  symbols  are  delayed  the  same  amount  because  of  the  processing 
time  In  the  differential  detector.  As  discussed  In  Section  VIII-D, 
circuitry  is  employed  to  detect  errors  In  the  detection  process  by 
sending  a  pulse  whenever  data  bits  are  other  than  a  multiple  of  16  code 
symbols  apart.  This  pulse  Is  transmitted  on  the  signal  labelled  R, 
which  resets  the  detection  logic.  It  should  be  noted  that  a  system 
reset  pulse  or  a  reset  pulse  from  the  load  and  track  logic  (Rs.r.)  also 
resets  the  detection  ldglc.  Reset  signal  R2  transmits  either  of  the 
last  two  types  or  resets. 

In  Figure  71  a  circuit  schematic  Is  shown  for  the  shift  register 
and  part  of  the  load  and  track  logic.  With  this  logic  the  shift  regis¬ 
ter  Is  loaded  with  the  long  code  bits,  the  shift  register  Is  switched 
Into  the  feedback  mode,  and  the  long  code  symbols  are  generated  for 
use  by  the  correlation  processor.  A  thirty-four  stage  shift  register 
Is  used  with  the  same  feedback  connections  as  the  long  code  shift 
register  In  the  transmitter.  The  Input  to  the  shift  register  Is  con¬ 
trolled  by  logic.  The  logic  determines  whether  the  long  code  symbols 
from  the  detection  logic  are  fed  Into  the  shift  register  or  whether 
the  symbols  from  the  shift  register  feedback  logic  are  fed  Into  the 


Figure  71.  Circuit  schematic  of  the  long  code  shift 
register  and  part  of  the  load  and  track 
logic. 


shift  register.  The  signal  controlling  which  symbols  are  loaded  Into 
the  register  is  labelled  (f and  is  the  output  of  a  D  flip-flop  as  shown 
In  Figure  71.  This  signal  Is  Initially  set  low  by  the  reset  signal  R2. 
Mhen  Q  Is  low  the  long  code  bits  from  the  detection  logic  are  loaded 
into  the  shift  register  and  the  counters  (74190's)  are  enabled.  These 
counters  are  Initially  loaded  with  thirty-four  and  count  down  to  zero 
causing  Q  to  go  high.  When  If  goes  high  the  shift  register  Is  switched 
into  the  feedback  mode.  Thus,  the  switching  occurs  when  all  thirty-four 


stages  of  the  shift  register  have  been  loaded  with  the  detected  long 
code  symbols.  If  Jf  Is  low,  l.e.,  the  shift  register  Is  being  loaded, 
then  If  R  goes  low,  signalling  a  detection  error,  the  counter  Is  reset. 
Thus,  the  shift  register  Is  reloaded  when  a  detection  error  occurs, 
which  Is  as  desired.  After  Jf  goes  high,  l.e.,  the  shift  register  Is 
loaded,  as  seen  In  the  schematic,  R  will  no  longer  reload  the  shift 
register. 

The  output  symbols  of  the  long  code  shift  register  are  differ¬ 
entially  encoded  using  an  exclusive-or  gate  and  a  D  flip-flop.  The 
half  chip  delayed,  half  chip  advanced,  and  properly  timed  codes  are 
generated  using  a  shift  register  (74164,  In  the  middle  of  Figure  71) 
clocked  at  twice  the  clock  rates  of  the  code.  This  clock  Is  generated 
using  the  exclusive-or  gate  with  an  RC  lowpass  filter  on  one  Input. 

The  clock  signal  from  the  delay  lock  loop  Is  delayed  with  this  lowpass 
filter  so  that  the  output  of  the  exclusive-or  gate  consists  of  pulses 
occurring  on  both  the  positive  and  negative  going  edges  of  the  clock. 
Thus,  this  clock  Is  at  twice  the  frequency  of  the  clock  from  the  delay 
lock  loop. 

The  complement  of  the  properly  timed  code  Is  generated  along 
with  the  properly  timed  code  using  exclusive-or  gates  with  pullup 
resistors.  These  resistors  enable  the  signals  to  drive  the  mixers  In 
the  correlation  processor. 

The  long  code  symbol  detection  process  takes  two  clock  periods 
to  be  completed.  Thus,  the  long  code  that  Is  generated  after  the  shift 
register  Is  loaded  with  the  correctly  detected  long  code  symbols  Is 
delayed  by  two  chips  from  the  received  signal 's  code.  The  long  code 
shift  register  must  be  advanced  two  additional  steps  before  the  long 
code  Is  properly  timed.  The  shift  register  and  logic  gates  shown  at 
the  bottom  of  Figure  71  accomplish  this.  The  doubled  clock  (Instead 
of  the  clock  from  the  delay  lock  loop)  Is  used  to  clock  the  long  code 
shift  register  for  two  code  clock  periods  Immediately  after  the  shift 
register  Is  loaded.  Thus,  two  additional  clock  pulses  are  added  to 
the  clock  signal,  and  the  output  long  code  Is  synchronized  with  the 
received  long  code  when  the  long  code  symbols  are  correctly  detected. 

In  Figure  72  a  circuit  schematic  of  the  correlation  processor  Is 
shown.  The  synchronization  of  the  locally  generated  long  code  with 
the  received  code  Is  checked  with  this  circuitry.  As  seen  In  this 
figure  the  properly  timed  code  from  the  long  code  shift  register  modu¬ 
lates  an  amplified  59.3  MHz  signal.  The  59.3  MHz  signal  Is  obtained 
from  the  same  local  oscillator  used  to  generate  the  59.3  M(z  signal 
In  the  delay  lock  loop.  The  modulated  Signal  Is  amplified  and  mixed 
with  the  array  output.  If  the  locally  generated  long  code  Is  synchron¬ 
ized  with  the  received  code,  the  long  code  component  of  the  desired 
signal  Is  despread.  A  10.7  MHz  sinusoidal  component  Is  then  present 
In  the  mixer  output  along  with  other  signal  components.  A  narrow  band 
10.7  MHz  filter  Is  used  to  obtain  the  sinusoidal  component  while 
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Figure  72.  Circuit  schematic  of  the  correlation  processor. 


attenuating  all  other  components.  The  bandwidth  of  this  filter  Is 
dependent  on  the  frequency  uncertainty  of  the  received  desired  signal 
and  on  the  response  time  of  the  correlation  processor. 

The  experimental  system  was  designed  to  allow  for  a  frequency 
uncertainty  of  up  to  1  kHz.  The  correlation  time  for  the  checking,  of 
a  loading  of  the  long  code  shift  register  is  680  chips  as  specified  in 
Section  B  or  3.91  milliseconds.  Thus,  the  dominating  factor  in  deter¬ 
mining  the  filter  bandwidth  is  the  frequency  uncertainty.  A  filter 
with  a  bandwidth  of  three  kHz  was  chosen  from  the  filters  available 
that  met  the  frequency  uncertainty  requirement. 

The  output  of  the  filter  is  then  envelope  detected  using  the  same 
circuitry  as  that  used  in  the  delay  lock  loop.  The  filter  output  is 
hardlimlted,  mixed  with  the  nonhardlimlted  signal  and  lowpass  filtered 
to  generate  a  correlation  output  proportional  to  the  despread  component 
of  the  desired  signal.  The  lowpass  filter  is  an  active  RC  filter  with 
a  time  constant  on  the  order  of  the  correlation  time. 

In  Figure  73  a  circuit  schematic  of  the  remaining  part  of  the 
load  and  track  logic  and  the  control  logic  is  shown.  Both  these  sub¬ 
systems  are  shown  in  the  same  figure  because  they  use  the  same  signals. 
The  control  logic  determines  which  code  is  to  be  used  as  a  reference  in 
the  receiver  and  resets  the  system  if  It  Is  determined  that  a  smart 
jammer's  signal  Is  being  tracked  by  the  system.  The  portion  of  the  load 
and  track  logic  shown  determines  If  the  locally  generated  long  code  Is 
correctly  synchronized  and  reloads  the  long  code  shift  register  if  It 
Is  not  synchronized. 
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Figure  73.  Circuit  schematic  of  part  of  the  load  and 
track  logic  and  the  control  logic. 


As  shown  In  Figure  73  the  correlation  output  Is  compared  to  the 
acquisition  threshold  voltage.  This  voltage  was  set  to  0.66  times  the 
maximum  possible  correlation  output  voltage  when  noise  Is  not  present. 
The  maximum  voltage  Is  that  voltage  which  Is  present  when  the  locally 
generated  long  code  Is  synchronized  with  the  received  code.  The  output 
of  the  comparator  Is  sampled  at  the  end  of  the  correlation  period.  A 
counter  Is  used  to  determine  the  end  of  the  correlation  period.  This 
counter  Is  enabled  by  the  Jf  signal  which  goes  high  when  the  long  code 
shift  register  Is  loaded.  It  Is  Initially  loaded  with  683  and  counts 
down  to  zero  when  the  comparator  output  Is  sampled.  The  counter  Is 
set  to  683  because  three  clock  periods  are  allowed  for  the  long  code 
shift  register  to  be  advanced  two  clock  periods  In  addition  to  the  680 
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clock  periods  for  the  correlation  time  specified  In  Section  B.  A  reset 
signal,  R-|,  Is  used  to  Initially  load  the  counter. 

If  the  correlation  output  Is  greater  than  the  acquisition  thres¬ 
hold  at  the  end  of  the  correlation  time,  the  comparator  output  Is  high. 
Thus,  the  code  select  output  is  set  high  which  causes  the  delay  lock 
loop  to  track  the  long  code  rather  than  the  short  code.  Also,  the  long 
code  Is  then  used  by  the  reference  loop  to  generate  the  reference  signal. 
If  the  comparator  output  Is  low  at  the  end  of  the  correlation  time, 
the  shift  register  reset  signal  Rs.r.  goes  low  for  one  clock  pulse.  As 
discussed  previously,  a  low  Rs.r.  signal  causes  the  long  code  shift 
register  to  be  reloaded  and,  therefore,  the  correlation  processing  Is 
repeated.  With  a  low  comparator  output,  the  code  select  line  Is  always 
low.  Therefore,  If  long  code  synchronization  Is  lost,  the  delay  lock 
loop  switches  to  the  tracking  of  the  short  code  timing.  In  general.  If 
the  long  code  timing  is  lost,  so  Is  the  short  code  timing  and  the 
acquisition  procedure  Is  restarted. 

The  dual  one  shot  shown  in  Figure  73  Is  used  to  provide  smart 
jammer  protection.  The  circuitry  Is  designed  so  that  if  the  comparator 
output  Is  not  high  after  0.55  seconds,  then  the  code  select  line  Is  set 
high.  With  the  code  select  line  high,  the  delay  lock  loop  attempts  to 
track  the  long  code  timing.  Since  this  timing  is  wrong,  slewing  of  the 
code  timing  will  occur.  The  code  select  line  Is  held  high  long  enough 
to  advance  the  short  code  timing  offset  by  several  chips.  Then  the  code 
select  line  Is  set  low.  The  process  is  repeated  every  0.55  seconds.  If 
necessary.  The  above  procedure  provides  smart  jammer  protection  for  the 
following  reason  (as  explained  In  Chapter  X).  If  the  adaptive  array  has 
acquired  a  smart  jammer's  signal  as  the  desired  signal,  then  the  short 
code  timing  will  be  tracked  by  the  delay  lock  loop.  However,  long  code 
timing  will  not  be  acquired  within  0.55  seconds,  the  maximum  allowable 
acquisition  time.  The  delay  lock  loop  Is  then  slewed  until  another 
signal  (hopefully,  the  desired  signal)  with  the  short  code  Is  acquired 
by  the  array.  With  this  method,  the  smart  jarrmer's  signal  will  be 
acquired  again  by  the  array  only  If  the  desired  signal  Is  not  present. 

Figures  74  through  76  show  part  of  the  hardware  used  In  the  exper¬ 
imental  system.  Figure  74  shows  the  transmitter  whose'  schematic  Is 
shown  In  Figure  56.  The  logic  and  the  quadrlphase  modulator  are  label¬ 
led  In  the  figure.  Figure  75  shows  the  delay  lock  loop  whose  block 
diagram  Is  shown  In  Figure  60.  The  Individual  components  of  the  delay 
lock  loop  are  labelled  and  correspond  roughly  to  the  schematics  of 
Figures  61  through  64.  Figure  76  shows  the  long  code  acqulstlon  cir¬ 
cuitry  whose  block  diagram  Is  shown  in  Figure  65  and  the  control  logic. 
The  components  of  the  long  code  acquisition  circuitry  In  the  block  dia¬ 
gram  are  labelled  In  the  figure.  The  control  logic  circuitry  Is  also 
labelled.  The  schematics  for  the  circuitry  In  this  figure  are  shown  In 
Figures  66  through  73. 
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Figure  74.  The  transmitter  hardware  for  the 
schematic  of  Figure  56. 


D.  Experimental  Results 

This  section  describes  the  experimental  results  obtained  with  the 
four-phase  communication  system  described  In  Section  C.  The  results 
are  used  to  verify  the  analysis  of  Chapters  VI,  VII  and  VIII.  The 
results  are  also  used  to  demonstrate  the  rapid  acquisition  and  conven¬ 
tional  and  smart  jamming  protection  of  the  four-phase  system.  All 
experimental  results  are  compared  to  the  results  obtained  with  the  bi¬ 
phase  system. 

The  major  analytical  results  of  Chapters  VI,  VII  and  VIII  are 
verified  by  testing  one  parameter  In  each  chapter  versus  the  signal -to- 
nolse  ratio  at  the  receiver.  From  Chapter  VI,  the  probability  of  false 
alarm  during  short  code  acquisition  Is  examined.  From  Chapter  VII,  the 
tracking  jitter  of  the  delay  lock  loop  Is  studied.  Finally,  from 
Chapter  VIII,  the  long  code  acquisition  time  Is  examined. 

The  four-phase  system  capabilities  are  tested  with  three  experi¬ 
ments.  To  demonstrate  rapid  acquisition,  the  total  acquisition  time 
versus  slgnal-to-nolse  ratio  Is  determined.  To  demonstrate  conventional 
jamming  protection,  the  effect  of  a  CW  jammer  Is  studied.  Finally,  to 
demonstrate  smart  jammer  protection,  the  effect  Is  studied  of  a  repeat 
jammer  with  remodulatlon  and  a  biphase  jammer  with  the  short  code. 
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Figure  75.  The  delay  lock  loop  hardware  for  the 
block  diagram  of  Figure  60. 


The  probability  of  false  alarm  is  the  probability  that  the  sum 
channel  output  exceeds  the  acquisition  threshold  during  acquisition. 
This  probability  Is  measured  when  the  code  timing  offset  in  the  delay 
lock  loop  is  outside  the  capture  range  of  the  loop.  The  probabilty  of 
false  alarm  is  analyzed  in  detail  in  Chapter  VI.  From  the  results  of 
this  chapter  as  Illustrated  In  Figures  28  and  29.  it  is  seen  that  the 
probability  of  false  alarm  depends  on  N'/k,  Pmiss.  and  S/N| if-  For  the 
experimental  system  from  Table  10, 


N'/k  =  i5.9  (4Q9) 


and 


p 

miss 


0.02 


(410) 


From  Chapter  VII,  the  S/N | if  can  be  determined  as  a  function  of  the 
received  signal -to-nolse  ratio,  S/N|dc.  For  a  four-phase  signal,  from 
Equation  (291), 


s/N|if* 


T 


16 


+  2 


(411) 


For  the  biphase  signal,  from  Equation  (301), 


s/nIif  “  — T 


16 


+  l 


RF 


(412) 


The  probability  of  false  alarm  and  the  corresponding  acquistion  thres¬ 
hold  can  be  calculated  from  Equation  (214).  Figure  80  shows  the  theo¬ 
retical  probability  of  false  alarm  versus  S/N  pp  as  obtained  with  the 
above  equations.  The  setup  for  the  experimental  tests  is  described 
below. 


Figure  77  shows  the  experimental  setup  used  to  measure  the  prob¬ 
ability  of  false  alarm.  The  signal,  either  four-phase  or  biphase.  Is 
generated  by  the  transmitter  shown  In  Figure  56.  The  signal  Is  then 
mixed  with  noise.  The  noise  level  can  be  varied  to  change  the  signal- 
to-nolse  ratio  Into  the  delay  lock  loop.  A  block  diagram  of  the  delay 
lock  loop  Is  shown  In  Figure  60. 

The  delay  lock  loop  was  modified  for  the  experiment  as  shown  in 
Figure  78.  The  input  to  the  VCXO  was  disconnected  and  a  constant 
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Figure  77.  Experimental  setup  for  probability  of 
false  alarm  measurement. 


voltage  applied  to  the  VCXO.  Thus,  the  sweep  speeds  can  be  kept  con-* 
stant  (at  687  Hz  from  Table  10)  during  acquisition  and  the  signal  Is  not 
acquired.  The  probability  of  false  alarm  can  now  be  measured  by  moni¬ 
toring  the  output  of  the  threshold  comparator.  The  comparator  compares 
the  sum  voltage  to  the  acquisition  level. 

Figure  79  shows  the  circuitry  used  to  convert  the  threshold  com¬ 
parator  output  to  the  probability  of  false  alarm  value.  This  circuitry 
counts  the  number  of  times  the  threshold  comparator  output  goes  high 
during  a  given  Interval.  The  Interval  Is  one  hundred  times  the  sun 
channel  filter  time  constant  (approximately  .27  seconds).  Thus,  the 
count  at  the  end  of  this  Interval  corresponds  to  one  hundred  times  the 
false  alarm  rate  In  that  Interval.  As  shown  In  Figure  79,  the  threshold 
comparator  output  Is  converted  to  a  TTL  level  signal  with  a  LM361.  The 
output  of  the  LM361  clocks  a  counter.  The  counter  Is  enabled  during  a 
pulse  out  of  the  74121.  This  pulse  Is  approximately  .27  seconds  long. 

The  output  of  the  counter  at  the  end  of  pulse  Is  recorded  as 
the  false  alarm  percentage  during  the  Interval.  By  taking  a  large  num¬ 
ber  of  false  alarm  percentage  readings,  an  average  false  alarm  percent¬ 
age  can  be  determined.  A  confidence  Interval  for  the  actual  false  alarm 
probability  can  also  be  determined  (see  [37]). 

The  results  of  the  experimental  data  collected  by  the  above  method 
are  shown  in  Figure  80.  The  probability  of  false  alarm  is  plotted 
versus  the  signal -to-nolse  ratio  for  Pmus  equal  to  0.02.  Both  theoret¬ 
ical  and  experimental  results  are  shown  for  the  four-phase  and  biphase 
signals. 

The  experimental  results  vary  somewhat  from  the  theoretical  re¬ 
sults.  This  can  be  attributed  to  the  difficulty  In  obtaining  precise 
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Figure  79.  Schematic  of  the  circuitry  that  measures 
probability  of  false  alarm. 


experimental  results  with  both  low  and  high  signal -to-noise  ratios. 

:or  low  signal -to-noise  ratios  the  sum  channel  voltage  can  be  shown  to 
lave  a  large  mean  as  compared  to  its  standard  deviation.  Therefore, 
elatively  small  changes  in  the  acquisition  threshold  or  signal  level 
:an  produce  large  changes  in  the  probability  of  false  alarm.  Small 
trrors  In  the  experimental  system,  therefore,  can  produce  a  large  erroi 
n  the  experimental  results. 

For  higher  signal -to-noise  ratios,  the  noise  in  the  delay  lock 
oop  Is  primarily  self  noise.  As  discussed  In  Chapter  VII,  the  level  of 
he  self  noise  constantly  varies  during  acquisition  and  a  worse  case 
alue  was  chosen  for  theoretical  calculations.  Therefore,  the  average 
elf  noise  level  and  the  actual  probability  of  false  alarm  will  be  some- 
hat  less  than  that  predicted  theoretically  for  high  received  slgnal-to- 
olse  ratios.  This  Is  shown  In  Figure  80.  The  experimental  results 
re,  therefore.  In  agreement  with  theoretical  results  when  the  above 
naccuracies  are  considered. 
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Figure  80.  Probability  of  false  alarm  versus  received 
signal -to-noise  ratio;  comparison  of 
theoretical  and  experimental  results 
for  both  biphase  and  four-phase  signals. 


Timing  jitter  is  the  standard  deviation  of  the  code  tracking  error 
in  the  delay  lock  loop.  Timing  jitter  is  analyzed  in  detail  in  Chapter 
VII.  From  the  results  of  this  chapter  as  illustrated  in  Figure  31,  it 
is  seen  that  timing  jitter  depends  on  po/Bif  and  S/N | if-  For  the 
experimental  system  from  Table  10, 


p0/Bif  =  0.0916 


(413) 


Also  from  Chapter  VII,  the  S/N | jf  after  acquisition  can  be  determined 
as  a  function  of  the  received  signal -to-noise  ratio,  S/N|rf*  For  a 
four-phase  signal,  from  Equation  (300)  with  k  equal  to  16, 


16 

r 

RF  +  ? 

(414) 


For  the  biphase  signal,  from  Equation  (302)  with  k  equal  to  16, 
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S/N| IF  =  1 6(S/N 1 Rp) 


(415) 


The  timing  jitter  can  be  calculated  from  Equation  (323).  Figure  83 
shows  the  timing  jitter  versus  S/N|rf  obtained  with  the  above  equations. 
The  setup  for  the  experimental  tests  Is  described  below. 

Figure  81  shows  the  experimental  setup  used  to  measure  the  timing 
jitter.  The  setup  Is  similar  to  that  used  In  the  measurement  of  the 
probability  of  false  alarm. 


DELAY  LOCK 
LOOP  CLOCK 


TRANSMITTER  CLOCK 


Figure  81.  Experimental  setup  for  timing  jitter 
measurement. 


Figure  82  shows  the  circuitry  used  to  measure  the  timing  jitter. 

A  phase  comparator  produces  a  voltage  (positive  or  negative)  propor¬ 
tional  to  the  timing  error  between  the  transmitter  and  delay  lock  loop 
clocks.  The  voltage  is  amplified  and  displayed  on  a  digital  storage 
oscilloscope.  With  the  oscilloscope,  the  voltage  and,  therefore,  the 
timing  error  at  a  given  Instant  can  be  determined.  With  repeated  mea¬ 
surements,  an  ensemble  average  and  standard  deviation  can  be  deter¬ 
mined.  Also,  a  confidence  Interval  for  the  actual  timing  jitter  can  be 
calculated  (see  [37]). 

The  experimental  results  obtained  by  the  above  method  are  shown 
In  Figure  83.  The  timing  jitter  Is  plotted  versus  received  signal -to- 
nolse  ratio.  Both  theoretical  and  experimental  results  are  shown  for 
the  four-phase  and  biphase  signals. 

The  experimental  results  vary  somewhat  from  the  theoretical 
results.  The  variation  may  have  been  caused  by  changes  In  the  loop  gain 
during  the  experiments.  The  timing  jitter  varies  greatly  with  small 
manges  In  loop  gain.  Therefore,  any  drifts  In  amplifier  gain  in  the 
delay  lock  loop  could  have  caused  a  difference  In  experimental  and 
theoretical  results.  On  the  whole,  though,  experimental  results  show 
good  agreement  with  theoretical  results. 


The  average  long  code  acquisition  time  is  the  average  time  required 
for  the  long  code  to  be  acquired  after  the  short  code  timing  has 
been  acquired.  The  long  code  acquisition  is  analyzed  in  detail  in 
Chapter  VIII.  Both  computer  simulation  and  approximations  were  used  to 
analyze  the  long  code  acquisition  times  because  an  exact  analysis  was 
too  complex.  From  the  results  of  Chapter  VIII,  it  is  seen  that  the  long 
code  acquisition  time  depends  on  the  long  code  shift  register  length, 
the  correlation  time,  the  spreading  ratio,  and  the  energy  per  chip  to 
noise  density  ratio.  For  the  experimental  system,  from  Table  10,  the 
long  code  shift  register  length  Is  34,  the  correlation  time  Is  680  chips, 
and  the  spreading  ratio  is  16. 

Figure  84  shows  the  computer  simulation,  approximate  theoretical 
and  experimental  results.  The  average  long  code  acquisition  time  is 
plotted  versus  EA/N0. 

The  computer  simulation  results  were  obtained  using  the  computer 
program  described  in  Section  VIII-E.  The  simulation  does  not  consider 
timing  error  with  the  delay  lock  loop  tracking  the  short  code.  As  shown 
in  Table  10,  the  tracking  jitter  may  be  as  much  as  0.04a.  The  jitter 
will  increase  the  average  long  code  acquisition  time  and,  therefore,  the 
simulation  results  underestimate  the  average  acquisition  time. 

For  the  approximate  model,  the  average  long  code  acquisition  time 
for  the  experimental  system  is  given  by  (from  Equation  (362)) 


680  A 
(1-PE)34 


(416) 


where  p£  is  the  probability  of  error  in  detecting  a  long  code  symbol. 
Tracking  jitter  can  be  taken  into  account  by  calculating  the  probability 
of  error  with  the  tracking  jitter  value  given  In  Figure  83.  The  proba¬ 
bility  of  error  with  tracking  jitter  is  given  by  Equation  (357).  The 
approximate  theoretical  long  code  acquisition  time  calculated  from  the 
above  equations  is  plotted  in  Figure  84. 

Because  of  the  approximations  made  in  the  approximate  model,  the 
theoretical  results  overestimate  the  actual  acquisition  time  rather  than 
underestimate  it  as  with  the  simulation.  Therefore,  the  simulation  and 
approximate  theoretical  results  can  be  considered  as  lower  and  upper 
bounds,  respectively,  of  the  actual  long  code  acquisition  time. 

Figure  85  shows  the  experimental  setup  used  to  measure  the  long 
code  acquisition  time.  The  signal  Is  combined  with  noise  and  amplified. 
The  amplified  signal  is  used  by  the  long  code  acquisition  circuitry  and 
the  delay  lock  loop.  The  delay  lock  loop  tracks  the  short  code  timing 
and  short  code  symbols  used  by  the  long  code  acquisition  circuitry. 
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ocq  (  MC ) 


Figure  84.  Long  code  acquisition  time,  T.cq,  versus  energy 
per  chip  to  noise  density  ratioHEA/Noi  compari¬ 
son  of  simulation,  approximate  theoretical,  and 
experimental  results. 


RESET 


Figure  85.  Experimental  setup  for  long  code 
acquisition  time  measurement. 


The  test  procedure  Is  as  follows.  While  the  delay  lock  loop  con¬ 
tinuously  tracks  the  short  code,  a  reset  signal  starts  the  long  code 
acquisition  process.  In  the  long  code  acquisition  circuitry,  the  code 
select  line  (see  Figure  73)  goes  high  when  the  long  code  Is  acquired. 

A  time  Interval  counter  measures  the  Interval  between  the  reset  signal 
and  the  high  transition  In  the  code  select  line.  The  time  Interval, 
l.e.,  the  long  code  acquisition  time.  Is  displayed  on  the  counter  and 
recorded.  The  above  process  Is  repeated  (up  to  50  times)  to  determine 
an  average  long  code  acquisition  time  and  a  confidence  Interval  for  the 
actual  average  acquisition  time. 

As  shown  In  Figure  84,  the  experimental  results  obtained  with  the 
above  method  are  close  to  the  upper  bound  of  the  predicted  acqulstlon 
time.  Thus,  the  experimental  results  show  that  the  required  Ea/Nq  for 
a  given  Tac  q  is  as  much  as  one  decibel  greater  than  predicted.  Because 
of  the  amount  of  circuitry  Involved  In  the  long  code  acquisition  pro¬ 
cess,  a  one  decibel  degradation  Is  not  considered  excessive.  The  de¬ 
gradation  may  be  due  to  at  least  two  factors.  First,  the  Integrators 
In  the  differential  detectors  have  a  finite  dump  time.  Because  of  the 
dump  time,  the  signal  energy  detected  per  chip  Is  decreased.  The  dump 
time  was  not  considered  In  the  simulation  or  theoretical  results. 

Second*  there  are  offsets  In  the  operational  amplifiers  and  multipliers. 
These  offsets  were  minimized  but  are  still  present  In  the  system  and 
will  effect  the  acquisition  performance.  The  experimental  results  are, 
therefore.  In  agreement  with  simulation  and  approximate  theoretical 
results. 

To  demonstrate  the  rapid  acquisition  of  the  four-phase  system,  the 
average  total  acquisition  time  was  examined.  The  predicted  and  experi¬ 
mental  results  are  discussed  below. 
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The  predicted  average  total  acquisition  time  is  the  expected  aver¬ 
age  short  code  plus  long  code  acquisition  time.  The  predicted  short 
code  acquisition  time  Is  approximately  0.2  seconds  (see  Table  10).  It 
Is  Independent  of  the  received  energy  per  chip  to  noise  density  ratio. 
The  expected  average  long  code  acquisition  time  is  given  by  the  experi¬ 
mental  results  of  Figure  84.  Because  a  four  element  adaptive  array  is 
used  In  the  experimental  system,  the  array  output  energy  per  chip  to 
noise  density  ratio  was  assumed  to  be  six  decibels  greater  than  that 
received,  E^/Nol IN-  The  array  output  E^/Nq  was  used  in  determining  the 
expected  long  code  acquisition  time  from  Figure  84.  The  predicted 
average  total  acquisition  time  is  plotted  versus  Ea/N0|in  in  Figure  86. 

The  total  acquisition  time  for  the  experimental  system  of  Figure  54 
was  measured  by  a  method  similar  to  that  used  to  measure  long  code 
acquisition  time.  Specifically,  a  time  interval  counter  measured  the 
interval  between  the  system  reset  signal  and  the  high  transition  of 
the  code  select  line.  Fifty  acquisition  time  measurements  were  taken 
per  Ea/No|in  value  to  determine  an  average  total  acquisition  time  and  a 
confidence  Interval  for  the  actual  average.  The  experimental  results 
are  shown  In  Figure  86.  Because  of  the  smart  jammer  protection  cir¬ 
cuitry,  a  high  transition  in  the  code  select  line  occurs  if  the  long 
code  has  not  been  acquired  in  0.55  seconds.  Therefore,  the  probability 
of  not  acquiring  the  code  in  the  required  time,  Pna,  was  determined  and 
is  shown  In  Figure  86. 

The  experimental  results  show  a  slightly  greater  average  total 
acquisition  time  than  that  predicted  for  low  Ea/N0|in  (0  to  3  dB). 

This  Increase  can  be  attributed  to  the  degradation  in  array  performance 
with  low  input  signal -to-noise  ratios.  When  EA/No|lN  is  0  dB,  the 
array  input  S/N  is  almost  -20  dB  because  the  bandwidth  of  the  noise  is 
much  greater  than  the  signal  bandwidth  into  the  array.  With  such  a 
low  S/N,  the  array  weights  are  controlled  more  by  the  noise  than  by  the 
signal.  Thus,  the  output  S/N  may  be  less  than  optimum,  i.e.;  less 
than  6  dB  greater  than  the  Input  S/N.  The  long  code  acquisition  time 
will  be  Increased  because  of  the  lower  output  S/N  (E^/Nq).  The  total 
acquisition  time  Is,  therefore,  also  increased. 

Because  of  the  degradations  discussed  previously,  the  average 
total  acquisition  time  for  the  experimental  system  with  EA/Np  equal  to 
0  dB  Is  about  fifty  percent  greater  than  that  specified  In  the  design. 
Figure  86  shows  the  design  specification  In  relation  to  the  experi¬ 
mental  results.  The  experimental  results,  however,  still  show  rapid 
acquisition  for  the  system. 

To  demonstrate  the  conventional  jamming  protection  of  the  four- 
phase  system,  experimental  tests  were  performed  with  a  CW  jammer.  The 
results  of  these  tests  are  discussed  below.  First,  the  suppression  of 
a  CW  jammer  by  the  array  with  a  biphase  desired  signal  is  compared  to 
the  suppression  with  a  four-phase  desired  signal.  The  maximum  jammer 
to  signal  power  ratio,  J/S,  at  the  array  Input  Is  then  shown  for 
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Figure  86.  Total  acquisition  time  versus  received  E&/No» 
comparison  of  predicted  and  experimental 
results. 
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acquisition  of  the  signal  at  the  receiver.  Next,  the  reason  for  this 
maximum  J/S  is  discussed.  Finally,  the  difference  in  maximum  J/S  is 
discussed  for  the  biphase  and  four-phase  desired  signals. 

The  array  used  in  the  experimental  system  was  shown  to  give  the 
best  performance  when 


Ea/N°! in  >  8  dB 


(417) 


In  this  case,  the  array  output  signal  level  is  independent  of  the 
received  signal-to-nolse  ratio.  Furthermore,  the  received  CW  janmer 
level  does  not  effect  the  long  code  acquisition  time  In  the  four-phase 
system.  However,  when  the  received  jammer-to-desired  signal  power 
ratio,  J/S,  is  high  enough,  the  short  code,  and,  thus,  the  signal  is 
not  acquired. 

The  suppression  of  a  CW  jammer  by  the  array  Is  shown  in  Figures 
87  through  90.  In  these  figures  the  array  input  and  output  power  den¬ 
sity  spectrum  is  shown  with  the  desired  signal  and  CW  Interference. 

The  J/S  is  20  dB  at  the  array  Input.  Figures  87  and  88  are  for  a  bi¬ 
phase  desired  signal,  and  Figures  89  and  90  are  for  a  four-phase  desired 
signal.  These  figures  show  a  desired  signal-to-jammer  power  ratio 
improvement  of  about  30  dB  for  both  types  of  desired  signal.  Thus,  the 
CW  suppression  by  the  array  Is  the  same  for  a  four-phase  and  a  biphase 
desired  signal. 

The  maximum  J/S  at  the  array  input  for  which  acquisition  can  occur 
is  23  dB  for  the  biphase  system  and  20  dB  for  the  four-phase  system. 

This  maximum  value  is  dependent  on  the  system  parameters  as  described 
below. 


The  maximum  J/S  is  dependent  on  the  code  modulation  frequency  and 
the  acquisition  time  for  the  system.  This  is  because  the  rate  of 
response  of  the  weights  is  proprotional  to  the  signal  strength  in  the 
LMS  adaptive  array.  For  the  strongest  interfering  signal,  the  weights 
must  respond  slower  than  0.2  times  the  code  modulation  frequency  [38]. 
Otherwise,  the  weights  will  begin  to  modulate  the  interference  tc  look 
like  the  reference  signal.  When  this  occurs  during  acquisition,  the 
modulated  interference  is  present  in  the  array  output,  and  the  delay 
lock  loop  tracks  the  code  timing  on  this  signal.  The  desired  signal 
is,  therefore,  never  acquired. 

For  the  weakest  desired  signal,  the  weights  must  respond  faster 
than  the  inverse  of  the  sum  channel  filter  bandwidth  In  the  delay  lock 
loop.  Otherwise,  the  desired  signal  will  not  be  pulled  out  of  the  noise 
and  the  acquisition  threshold  exceeded  in  the  delay  lock  loop  during 
acquisition. 
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Figure  87.  Received  power  density  spectrum  with 
biphase  desired  signal  and  CW  jammer 
at  70  MHz;  E^/NoU..  equal  to  8  dB, 
J/S  equal  to  20  do. 
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Figure  88.  Array  output  power  density  spectrum 
with  Input  of  Figure  87. 
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By  adjusting  the  loop  gain  in  the  adaptive  array,  a  maximum  J/S 
can  be  obtained  equal  to  the  ratio  of  the  parameters  given  above. 

For  the  experimental  system,  the  code  modulation  frequency  is  175.2 
kHz  and  the  sum  channel  filter  bandwidth  is  364  Hz.  The  maximum  J/S 
is,  therefore,  given  by 

J/S|max  =  0,2  X  jgp  X  ]°3  4  96  (20  dB)  .  (418) 

The  theoretical  analysis  of  the  maximum  J/S  is  only  approximate,  how¬ 
ever.  As  shown  by  the  experimental  results,  a  maximum  J/S  of  23  dB 
was  obtained  with  the  biphase  system. 

A  much  higher  maximum  J/S  can  be  obtained  by  changing  L.ie  system 
parameters.  In  particular,  increasing  the  code  modulation  frequency 
would  increase  the  maximum  J/S.  That  is,  the  main  reason  for  only 
a  23  dB  maximum  J/S  in  the  experimental  system  is  that  the  code  modu¬ 
lation  frequency  is  low.  In  systems  with  code  modulation  frequencies 
In  the  MHz  range,  a  maximum  J/S  of  30  dB  or  more  can  be  obtained. 

As  shown  before  the  maximum  J/S  is  3  dB  less  for  the  four-phase 
system  as  compared  to  the  biphase  system.  The  reason  is  that  for  the 
same  desired  signal  level,  the  component  containing  the  short  code 
Is  3  dB  less  In  the  four-phase  system.  It  is  the  timing  for  this  short 
code  that  must  be  acquired  first  by  the  delay  lock  loop.  As  shown 
before,  the  array  suppresses  the  CM  jammer  the  same  amount  In  the  bi¬ 
phase  and  four-phase  systems.  Thus,  although  the  maximum  J/S  Is  3 
dB  higher  In  the  biphase  system,  the  jammer  to  short  code  component 
power  ratio  Is  the  same  for  both  systems  when  acquisition  cannot  occur. 

Experimental  results,  therefore,  show  the  CW  interference  pro¬ 
tection  of  the  four-phase  system.  The  CW  suppression  was  seen  to  be 
the  same  (about  30  dB)  for  both  the  biphase  and  the  four-phase  systems. 
The  maximum  J/S  for  acquisition  was  shown  to  be  20  dB  for  the  four- 
phase  system.  This  limit  was  seen  to  be  due  to  system  parameters, 
e.g.,  with  a  higher  code  modulation  frequency,  a  higher  maximum  J/S 
could  be  attained. 

To  demonstrate  smart  jamming  protection,  the  four-phase  system 
was  tested  with  a  biphase  jammer  with  the  short  code  and  a  repeat  jam¬ 
mer  with  biphase  remodulation.  These  are  the  two  jammer  types  that 
can  jam  the  biphase  system.  The  experimental  system  was  tested  by 
measuring  the  total  acquisition  time  with  smart  jamming.  The  genera¬ 
tion  of  the  smart  jammer  and  the  experimental  results  are  discussed 
below. 


Figure  91  shows  a  schematic  of  the  circuitry  that  generates  the 
smart  jammers.  The  circuitry  generates  either  a  biphase  jamming  signal 
with  the  short  code  or  a  Jamming  signal  identical  to  that  for  a  repeat 
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Figure  91.  Circuit  schematic* of  the  smart  jammer. 


jammer  with  biphase  remodulation.  These  signals  are  used  in  the  channel 
simulator  of  Figure  57.  The  generation  of  the  biphase  and  repeat  jam¬ 
ming  signals  is  described  below. 

The  biphase  smart  jammer  with  the  short  code  is  generated  as 
follows.  The  clock  from  the  transmitter  clocks  the  short  code  shift 
register.  The  reset  signal  from  the  transmitter  sets  the  initial 
loading  of  this  shift  register.  The  initial  loading  of  the  shift 
register  is  different  from  that  of  the  shift  register  in  the  trans¬ 
mitter.  Thus,  the  code  timing  of  the  smart  jammer  is  different  from 
that  of  the  transmitter  so  that  the  array  can  null  one  signal  during 
short  code  acquisition.  The  timing  offset  was  set  arbitrarily  to 
178  code  symbols  with  jammer's  code  a  delayed  version  of  desired  sig¬ 
nal's  code.  The  short  code  is  mixed  with  data  such  that  the  resulting 
signal  has  a  spreading  ratio  of  14.  The  choice  of  14  was  arbitrary, 
and  the  use  of  data  modulation  simply  illustrates  what  a.  smart  jammer 
might  do.  The  data  modulation  has  little  effect  on  the  experimental 
results  with  a  biphase  jammer.  The  short  code  plus  data  then  biphase 
modulates  a  70  MHz  signal  when  the  switches  are  in  the  correct  posi¬ 
tion.  The  resulting  biphase  smart  jammer  is  used  in  the  channel  simu¬ 
lator  where  a  phase  shift  of  sixty  degrees  in  the  signal  was  set 
between  the  array  elements. 
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The  repeat  jammer  with  biphase  remodulation  is  generated  as  fol- 
*s.  The  short  code  plus  data  are  generated  in  the  same  way  as  for 
»  biphase  jammer.  In  this  case,  the  different  short  code  timing 
■  the  smart  jammer  and  the  desired  signal  simulates  the  delay  (about 
lillisecond  for  the  experimental  system)  in  the  repeated  signal. 

»  long  code  from  the  transmitter  is  mixed  with  the  same  data  as  the 
>rt  code.  Thus,  both  the  short  and  long  codes  are  mixed  with  data 
nulating  biphase  remodulation  by  the  jammer.  The  codes  plus  data 
;n  modulate  a  70  MHz  signal  to  generate  the  repeat  jammer  with  bi- 
ise  remodulation.  The  repeat  jammer  signal  is  used  in  the  channel 
nulator  in  the  same  manner  as  the  biphase  signal. 

Experimental  results  were  obtained  for  the  total  acquisition 
ne  for  the  desired  signal  with  smart  jamming.  The  total  acquisition 
ne  was  determined  by  measuring  the  time  interval  between  the  system 
iet  signal  and  a  high  transition  in  the  long  code  correlation  com- 
-ator  output  (see  Figure  73).  This  output  goes  high  when  the  long 
ie  timing  has  been  acquired.  Fifty  time  measurements  were  taken 
determine  an  average  total  acquisition  time  and  a  confidence  interval 
•  the  actual  acquisition  time. 

Figure  92  shows  the  experimental  results  obtained  with  a  biphase 
nmer  with  the  short  code.  The  total  acquisition  time  is  plotted 
"sus  the  jammer  to  desired  signal  power  ratio.  The  experimental 
suits  are  shown  along  with  a  curve  that  approximates  the  results. 

The  results  can  be  explained  as  follows.  For  J/S  less  than 
dB,  the  receiver  cannot  acquire  the  short  code  timing  of  the  smart 
rimer.  Therefore,  the  smart  jammer  does  not  effect  the  acquisition 
ne.  The  acquisition  time  for  this  case  is  about  0.2  seconds  and 
in  agreement  with  the  total  acquisition  time  experimental  results 
scussed  previously.  When  J/S  is  greater  than  -4  dB,  the  receiver 
/  first  acquire  the  short  code  timing  of  either  the  smart  jammer 
the  desired  signal.  The  acquisition  time  for  this  case  is  calcu- 
ted  theoretically  below. 

For  the  experimental  system,  the  acquisition  time  with  smart 
liming  can  be  calculated  by  considering  several  factors.  First, 

“ing  acquisition  the  code  at  the  receiver  is  run  faster  than  the  code 
the  incoming  signal.  Second,  the  initial  offset  between  the  re¬ 
iver’s  code  and  the  desired  signal's  code  (ind,  also,  the  jammer's 
Je)  is  random  and  has  a  uniform  distribution  between  0  and  255  code 
iibols.  Third,  the  timing  offset  between  the  desired  and  jamming 
jnal's  codes  is  178  code  symbols  or  about  two  thirds  of  the  code 
igth.  Finally,  Eii/N0/rN  is  large  enough  (14  dB)  that  the  long  code 
luisition  time  is  negligible  compared  to  the  total  acquisition  time. 

With  the  above  conditions,  the  acquisition  time  can  be  calculated 
follows.  The  probability  of  acquiring  the  desired  signal's  short 
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Figure  92.  Total  acquisition  time  versus  jammer-to- 
slgnal  power  ratio  for  biphase  jammer  with 
short  code. 


code  first  can  be  seen  to  be  two  thirds.  The  maximum  time  to  acquire 
the  desired  signal's  code  first  is  two-thirds  of  the  maximum  short  code 
acquisition  time  (0.4  seconds  from  Table  10)  or  approximately  0.267 
seconds.  Therefore,  the  average  acquisition  time  when  the  desired 
signal's  short  code  is  acquired  first,  can  be  seen  to  be  approximately 
0.133  seconds.  The  probability  of  acquiring  the  smart  jammer's  code 
first  is  one  third.  When  the  short  code  is  acquired  the  system  searches 
for  the  long  code  timing.  Since  the  long  code  is  not  present  on  the 
jamming  signal,  0.55  seconds  later  the  receiver  slews  the  short  code 
timing  to  find  the  next  signal  with  the  short  code.  This  signal  is 
the  desired  signal.  The  slewing  time  is  two  thirds  of  the  maximum 
short  code  acquisition  time  or  approximately  0.267  seconds.  There¬ 
fore,  the  acquisition  time  when  the  jammer's  short  code  is  acquired 
first  is  approximately  0.817  seconds.  The  average  acquisition  time 
with  the  smart  jammer  can  now  be  calculated  from  the  probability  of 
acquiring  each  signal  first  and  the  average  acquisition  time  when  each 
signal  is  acquired  first.  Thus,  the  average  acquisition  time  in 
seconds  is 

0.36  ±  2/3(0.133)  +  1/3(0.817)  .  (419) 

The  above  value  is  only  an  approximation  and  is  seen  to  be  somewhat 
less  than  the  experimental  results  shown  in  Figure  92. 

When  J/S  is  greater  than  20  dB,  as  shown  In  Figure  92,  the  desired 
signal  Is  no  longer  acquired.  This  maximum  J/S  for  acquisition  Is 
the  same  as  that  for  a  CW  jammer  at  70  MHz.  Therefore,  a  biphase  jam¬ 
mer  with  the  short  code  Is  no  more  effective  in  preventing  acquisition 
than  a  CW  jammer.  As  with  the  CW  jammer,  the  maximum  J/S  for  acquisi¬ 
tion  depends  on  the  system  parameters  and  would  increase  with  code 
modulation  frequency. 

Figure  93  shows  the  experimental  results  obtained  with  a  repeat 
jammer  with  remodulation.  The  total  acquisition  time  is  plotted  versus 
the  jammer  to  desired  signal  power  ratio.  The  experimental  results 
are  shown  along  with  a  curve  that  approximates  the  results. 

The  experimental  results  are  similar  to  those  obtained  with  a 
biphase  jammer  and  can  be  discussed  in  the  same  way.  For  J/S  less 
than  -1  dB,  the  smart  jammer's  short  code  is  not  acquired  by  the  re¬ 
ceiver.  Therefore,  the  jammer  has  no  effect  on  the  acquisition  time. 
When  the  smart  jammer  effects  the  acquisition  time,  the  J/S  is  three 
decibels  greater  than  with  the  biphase  jammer.  This  is  because  with 
the  four-phase  jamming  signal,  the  signal  component  with  the  short 
code  contains  only  half  the  total  signal  power.  Thus,  the  four-phase 
jammer  must  be  three  decibels  stronger  than  the  biphase  jammer  to 
obtain  the  same  power  In  the  signal  component  used  in  the  short  code 
acquisition. 
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Figure  93.  Total  acquisition  time  versus  jammer- 
to-slgnal  power  ratio  for  repeat  jammer 
with  biphase  remodulatlon. 
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For  J/S  greater  than  -1  dB,  the  jammer  signal  can  be  acquired 
by  the  receiver  and,  therefore,  will  effect  the  acquisition  time. 

The  theoretical  average  acquisition  time  in  this  case  Is  the  same  as 
that  with  the  biphase  jammer.  The  measured  average  acquisition  time 
as  shown  in  Figure  93  is  approximately  the  same  as  that  obtained  with 
the  biphase  jammer. 

As  with  the  biphase  jammer,  when  J/S  is  greater  than  20  dB,  the 
desired  signal  cannot  be  acquired  in  the  experimental  system.  As 
before,  the  maximum  J/S  for  acquisition  will  depend  on  the  system 
parameters. 

In  summary,  experimental  results  have  verified  theoretical  results 
and  shown  the  rapid  acquisition  and  jammer  protection  of  the  four- phase 
system.  Experimental  results  were  in  agreement  with  theoretical  cal¬ 
culations  of  the  probability  of  false  alarm  during  acquisition,  code 
tracking  jitter,  and  long  code  acquisition  time.  Experimental  results 
showed  the  rapid  acquisition  of  the  four-phase  signal  with  noise. 

The  conventional  jammer  protection  of  the  four-phase  system  was  shown 
to  be  only  slightly  less  than  that  of  the  biphase  system.  Finally, 
experimental  results  with  the  four-phase  system  demonstrated  that  al¬ 
though  a  smart  jammer  may  slightly  Increase  the  acquisition  time.  It 
is  no  more  effective  in  preventing  acquisition  than  a  CM  jammer^ 


CHAPTER  XII 


SUMMARY  AND  CONCLUSIONS 


The  purpose  of  this  research  was  to  develop  a  four-phase  commun¬ 
ication  system  for  use  with  an  adaptive  array.  This  system  was  devel¬ 
oped  to  Improve  upon  a  previously  developed  biphase  system.  The  four- 
phase  system  was  analyzed  both  theoretically  and  experimentally.  The 
analytical  and  experimental  results  demonstrate  the  rapid  acquisition 
and  jammer  protection  of  the  four-phase  system. 

the  four-phase  system  was  developed  by  first  examining  the  pre¬ 
vious  biphase  system  and  then  studying  the  four-phase  modulation  tech¬ 
niques  which  overcome  the  biphase  system's  shortcomings.  The  biphase 
system  was  shown  to  have  two  shortcomings:  1)  short  codes  must  be 
used  for  reasonable  acquisition  times,  but  short  codes  may  not  have 
adequate  security  for  many  applications,  and  2)  the  biphase  system 
Is  vulnerable  to  repeat  jammers  with  biphase  remodulatlon.  To  over¬ 
come  the  first  shortcoming,  a  long  and  a  short  code  were  shown  to  be 
required  on  the  signal.  Several  modulation  techniques  were  presented 
which  combined  two  codes.  8ecau$e  these  signals  were  to  be  used  with 
an  adaptive  array,  reference  signal  generation  techniques  were  de¬ 
scribed.  To  overcome  the  second  shortcoming,  a  data  modulation  method 
other  than  biphase  was  shown  to  be  required.  Several  data  modulation 
techniques  were  presented  and  reference  signal  generation  methods  for 
these  techniques  were  discussed.  A  particular  type  of  four-phase 
signal  was  shown  to  be  able  to  overcome  the  biphase  system  shortcomings. 
A  communication  system  was  developed  for  this  system.  The  four-phase 
signal  consists  of  two  orthogonal  biphase  signals.  One  signal  contains 
a  short  code  for  rapid  acquisition.  The  other  contains  a  long  code 
to  be  used  for  protection  against  smart  jammers.  The  reference  signal 
generation  technique  uses  the  same  reference  signal  generation  loop 
as  In  the  biphase  system,  but  a  biphase  reference  signal  partially 
correlated  with  the  received  signal  Is  generated.  The  signal  acquisi¬ 
tion  technique  Involves  a  multi-step  process.  The  short  code  timing 
Is  first  acquired  by  the  sliding  correlation  method.  With  the  short 
code  used  In  reference  signal  generation,  the  long  code  timing  Is 
rapidly  acquired  by  the  Rapid  Acquisition  by  Sequential  Estimation 
method.  The  long  code  Is  then  used  In  reference  signal  generation. 

To  assure  rapid  acquisition  of  the  signal  at  the  receiver,  the 
acquisition  procedure  was  analyzed  In  detail.  The  acquisition  of  the 
short  code  timing  by  the  sliding  correlation  method  was  studied  first. 
The  acquisition  trajectory  of  the  delay  lock  loop  was  shown  without 
noise  present  with  the  signal.  Equations  were  derived  that  describe 
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the  acquisition  process  with  noise  In  terms  of  the  deity  lock  loop 
parameters.  The  tracking  jitter  of  the  delay  lock  loop  was  then  anal¬ 
yzed.  Equations  were  developed  which  determine  the  tracking  jitter 
In  terms  of  the  delay  lock  loop  parameters.  Next,  the  long  code  acqui¬ 
sition  process  was  analyzed.  Differential  detection  of  the  four-phase 
signal  In  the  acquisition  process  was  discussed  In  detail.  An  appro¬ 
priate  model  for  the  acquisition  process  was  analyzed.  Computer  sim¬ 
ulation  results  for  the  actual  process  were  discussed.  It  was  shown 
that  very  long  codes  (those  that  repeat  once  a  year  or  less)  can  be 
acquired  rapidly  even  with  low  received  slgnal-to-nolse  ratios. 

To  assure  that  the  long  code  can  provide  security  In  the  system, 
long  code  structure  was  studied.  Nonlinear  codes  were  shown  to  be 
more  secure  than  linear  codes,  but  even  linear  codes  were  seen  to 
provide  reasonable  security. 

The  effect  was  then  discussed  of  various  jamming  techniques  on 
the  acquisition  procedure.  It  was  shown  that  conventional  jamming, 
repeat  jamming  with  remodulatlon,  and  biphase  jamming  with  the  short 
code  could  not  jam  the  system. 

An  experimental  four-phase  system  was  then  described,  and  experi¬ 
mental  results  discussed.  The  system  provided  an  example  of  how  the 
analytical  results  of  this  study  can  be  used  to  develop  a  system  to 
meet  specific  requirements.  Circuit  schematics  showed  how  the  acqui¬ 
sition  procedure  can  be  Implemented.  Experimental  results  verified 
analytical  results.  The  experimental  results  also  demonstrated  the 
rapid  acquisition  (about  0.2  seconds)  and  conventional  jamming  pro¬ 
tection  (a  maximum  received  jammer-to-slgnal  ratio  of  20  dB)  of  the 
system.  The  conventional  jamming  protection  was  shown  to  be  close 
to  that  of  the  biphase  system  and  could  be  Increased  with  code  frequen¬ 
cies  greater  than  the  175.2  kHz  used.  Finally,  It  was  shown  that  al¬ 
though  a  smart  jammer  may  slightly  Increase  the  acquisition  time.  It 
Is  no  more  effective  In  preventing  acquisition  than  a  CW  jammer. 

Thus,  the  four-phase  system  Is  not  vulnerable  to  the  same  type  of  jam¬ 
ming  techniques  as  the  biphase  system. 

It  is  concluded  that  the  four-phase  communication  system  presented 
here  provides  both  conventional  and  smart  jamming  protection  with  rapid 
acquisition  of  the  signal  at  the  receiver.  The  analytical  and  exper¬ 
imental  results  presented  In  this  study  can  be  used  In  designing  such 
systems. 
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